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ABSTRACT

A design methodology for precision high-frequency monolithic continuous-time sig-
nal processing was introduced in the first phase of this project. The methodology applies
local intelligence via a digital controller which precisely controls a continuous-time signal
path. An architecture which ensued from this design methodology which is termed Dig-
itally Controlled Analog Signal Processing (DCASP) has been introduced. The DCASP
approach is inherently insensitive to nominal and statistical parameter variations, pas- 4
sive and active component mismatches, temperature variations, aging and parasitics. The
DCASP architecture is amenable to adaptive applications and has potential to be used to
implement in-field self-testing and/or correcting algorithms. The architecture is flexible,
allowing for post fabrication establishment of system specifications. The flexibility along
with the self-testing and/or correcting capabilities directly impact ill a positive way both I
the reliability and cost of DCASP based systems.

In this report, the design and testing of a digitally controlled signal processor which
is totally programmable and reconfigurable is discussed. This circuit forms the basic
signal path of the DCASP architecture. The structure is capable of realizing filter transfer 4
functions up to sixth order. An experimental version of this circuit was fabricated in a
double polysilicon CMOS process. Experimental results show the resonant frequency and
bandwidth of the filter circuits are digitally adjustabie over a 3 decade range fr'om 2khz
to 2mhz. Resolution in resonant frequency over this entire range is to 0.5% or better and
bandwidth resolution is to 1% or better.

The design and experimental performance of a general purpose digitally controlled
Operational Transconductance Amplifier is also discussed. These circuits ace used as the
basic active elements in the DCASP filter structures but should find applications well
beyond this project. These OTAs were fabricated in the same CMOS process and experi-
mentally exhibited over two decades of adjustment range in the transconductance gain with
a resolution of 1%. The fine resolution in gain of these structures was achieved through
pTogrammability of the tail voltage on the differential input stage and wide adjustment
range through switch selection of output current mirror gain.

The design of sample and hold circuits are also discussed along with both parameter

measurement and tuning algorithms. The sample and hold circuits are used in the per-
formance detector section of the DCASP architecture. Finally, twenty test circuits which
serve as building blocks in the subcomponents of the DCASP architecture are discussed
from both theoretical and experimental viewpoints. These circuits were fabricated in a
double polysilicon 3u CMOS process.
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A/D Analog to Digital Converter
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CSP Controlled Signal Processor

CTA Controlled Transconductance Amplifiers

DAC Digital-T--Analog Converter

DCASP The Digitally Controlled Analog Signal Processor (DCASP) is the com-
plete signal processing system and is comprised of the Controlled Signal
Processor (CSP), Performance Detector (PD), Exciter and Digital Con-
troller. The DCASP architecture is depicted in Fig. 1.2-1.

DCASP-1 A CMOS integrated circuit which was fabricated in December 1986-
January 1987. DCASP-1 contains only the CSP along with control
circuitry. This was the first major test chip designed in this project.

DCASP-2 A CMOS integrated circuit which was fabricated in July-August 1987.
DCASP-2 contains a CSP along with a preliminary Performance Detec-
tor. Several improvements and corrections over DCASP-1 were incor-
porated into the design of DCASP-2.

Fab. ID ID Number for a specific MOSIS Process Run

H(w) H(w) = IT(iw) is the function in the variable w that equals the magni-
tude of T(s) at s = jw.

Knots The points in the domain of the spline functions where the function to
the left differs from that to the right.

MOSIS D.O.D./NSF IC Manufacturer

MOSIS ID ID Number for a MOSIS Fabricated IC
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W" Approximate pole resonant frequency if system were exactly second-
order. The exact definition of w' is

W-_ Vf/3dB1,3dB2

where W3dBl and W3dB2 are the 3dB cutoff frequencies.

OpAmp Operational Amplifier

OTA Operational Trnasconductance Amplifier

PCA Programmable Capacitor Array

PSRR Power Supply Rejection Ratio

Approximate pole Q if system were exactly second-order. The exact
definition of Q' is

Q _/W3d31W3dB2
W3dB2 - W3dB1

where W3dBl and W3dB2 are the 3dB cutoff frequencies.

SPDT Single Pole Double Throw Switch

SPICE Circuit Analysis Program for IC's

SPST Single Pole Single Throw Switch

STA Controlled Transconductance Amplifier

TACT The actual system transfer function.

TM A MODEL of th,, system. Ideally TM 5- TACT.

TMEAS (S) The measured rarisfer function at the fr,.,ywncy s.

TAC Filters Filters comprised of Transconductance A fiiplifiers and Capacitors.

TTL Digital Logic Family

Tuning Host T'Ie tuning host is synonomous with the Digital Controller shown in
the DCASP architecture of Fig. 1.2-1. The initial version of the tuning

* thost is focused towards developing tuning algorithms and checking CSP
functionality.
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1.0 INTRODUCTION

In this report, the results of research efforts from March 1987 - September 1987 will
be emphasized. This is an extension of work which was started in FY 1986 and which was
reported in a final technical report dated i2/19/86. For reference purposes, a discussion of
the Digitally Controlled Analog Signal Processing (DCASP) concept along with practical
implications of this approach are presented in subsections 1.2 through 1.4 of this section.
These are repeated from the final technical report dated 12/19/86.

The major focus on the first year of this project was on the development of the DCASP
architecture and on the design of a Controlled Signal Processor (CSP) which comprises the
digitally controllable analog signal path. The initial CSP structure selected was based upon
using Transconductance Amplifiers and Capacitors to form the basic filter circuits. These
are termed TAC Filters. This approach was selected because of the good high frequency
performance characteristics of the Transconductance Amplifiers, the inherent availability
of a method for digitally controlling the transconductance gain, and the existence of very
simple and practical filter tructures which can be synthesized with these devices. A fist
generation CSP was designed in a 3A double polysilicon process. Silicon was available at
the end of CY 1986.

0 Major effort during this fiscal year was placed upon testing and refining the CSP struc-
ture, investigating tuning algorithms, and on the design of a first-generation performance
detector. Several test bars were fabricated for testing various subcircuits in the CSP and
the performance detector. A second-generation CSP was also fabricated and tested.

* There were several design errors on the initial CSP. The major affect of these errors
was a limitation of the frequency adjustment range and the bandwidth adjustment range
of the filter. Beyond these limitations, the circuit performed as expected. Experimental
results are presented later in this report.

* Classical tuning algorithms were investigated. These were all plagued by either con-
vergence problems or tended to converge to unacceptable local minimums. A new approach
to tuning which does not rely upon the conventional rational fraction approximation has
been proposed. Simulations indicate this approach may circumvent some of the conver-
gence problems which plague conventional algorithms in a useful class of applications.

A performance detector based upon a generic A/D converter has been investigated.
This structure uses a fast sample and hold amplifier in conjunction with a slow speed A/D
converter. Subcircuits which comprise this performance detector have been designed and
fabricated. Results are presented later in this report.

0
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1.1 PRACTICAL IMPLICATIONS OF DCASP SYSTEMS

A very high speed real-time precision signal processing capability is crucial for the
successful development of a viable strategic defense system. The evolution of the signal
processor proposed here has potential for real-time applications at frequencies which are
approximately two orders of magnitude higher than can be attained by following a conven-
tional microprocessor based strategy. The structures proposed are versatile, economical to
produce, and physically and technologically compatible with existing VLSI technologies.
They are inherently insensitive to processing variations, device matching and environmen-
tal parameters.

Beyond applications at very high frequencies where alternative signal processing tech-
niques do not exist, a host of medium and low frequency analog signal processing appli-
cations exist in which precision and reliability throughout the life of the system is crucial
for the viability of the system. Most existing analog instrumentation relies either upon
factory-set calibration and/or periodic costly field tuning and/or selective self-calibration
of some specific sub-components. The technology for automatic full system testing and
subsequent automatic system calibration for drifts due to component aging, temperature
variations or component failure has not evolved. The result is development and utilization
of systems with suboptimal reliability and the associated implementation of costly per-
sonnel intense and humanly subjective maintenance programs which invariably miss some
faulty systems. Furthermore, much of the electronic equipment which is actually removed
from shipboard service for replacement and/or alignment is not faulty. This results in an
unnecessary load on the logistic support system, especially supply support and training
requirements. The adverse impact on both the economics and strengths of our military
systems should be apparent.

Monolithic circuits capable of precision continuous-time signal processing have largely
eluded IC designers for the past decade. This can be attributed primarily to the inability of
researchers to solve many of the numerous technological challenges associated with analog
processing. It is precisely these precision circuits along with on-chip local intelligence that
are needed to build precision analog systems which operate at high frequencies and which
are economical, reliable and capable of performing on-line self-testing and/or self-correcting
functions.

It is the goal of this overall research effort to develop the methodologies and archi-

tectures necessary to design precision reliable monolithic analog circuits which are useful
for a wide range of applications which have the on-chip intelligence needed to implement
self-testing and/or self correcting algorithms. A preliminary architecture of a versatile
structure suitable for a wide range of applications is discussed in the following two sections
followed by the specific objectives of the first year of this research effort.
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1.2 DCASP ARCHITECTURE

A preliminary analog signal processing architecture which can be used for a wide range
of applications over a large range of frequencies is shown in Fig. 1.2-1. This structure is
inherently capable of compensating for the major factors which have limited the develop-
ment of precision reliable monolithic continuous-time integrated circuits. Specifically, the
structure compensates for nominal process parameter variations, statistical process param-
eter spreads, temperature coefficients, parasitic resistors and capacitors, passive and active
component matching as well as device aging. The structure is amenable to adaptive appli-
cations as well as self-testing and/or self-correcting. The architecture utilizes a precisely
controllable analog signal path and a sophisticated digital controller in a control loop and is
termed a Digitally Controlled Analog Signal Processor (DCASP). Within a predetermined
range, both the functional characteristics and specifications of the analog signal processor
can be established via software input after silicon processing and packaging are complete.
Details about operation of the DCASP structure are presented in the following section.

* The structure is applicable from low frequencies to very high frequencies. The DCASP is
compatible with and scales with existing VLSI technologies.

The magnitude of the problem facing the designer attempting to implement precision
continuous-time signal processing algorithms can be best appreciated by considering the

O typical magnitude of the major factors listed previcusly and repeated in Table 1.2-1 which
limit circuit performance. For comparative purposes, emphasis will be placed on silicon
MOS processes although similar .?henomena are observed in other technologies.

Parameter variations from the ,isign target associated with processing are quite large.
• ±50% variations in sheet resistances, ±100mv variations in threshold voltages of MOSFETs

and ±10% variations in oxide capacitor values are typical. Variations in the transconduc-
tance parameter K'(K' = AcCoz) of tens of percent are also common.

Chip level statistical parameter variations are somewhat smaller than the process
• parameter variations but are still significant. These variations are due to both local and

global differences in the characteristics of silicon systems across the die. Variations (mean
standard deviation) of threshold voltages are in the lmv to 20mv range [1-4] and variations
in K' range from 0.5% to 5%.

• Temperati.re coefficients of passive and process parameters are significant. For exam-
ple, the TCR of the sheet resistance of polysilicon is typically in the 0.1%/"C range.

Parasitic capacitors from plate to substrate associated with poly-poly capacitors are
in the 1% to 30% range of the capacitor itself. Inherent parasitic resistors associated
with poly strings, contacts and drain and source diffusions range upward from tens of
ohms. Layout parasitics associated with interconnections are often somewhat larger. The
parasitic capacitances associated with resistor strings are typically both distributed and
voltage dependent.
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With considerable care in layout, ratio matching of capacitors to ±0.1% [3,5 is possi-
ble. Practical resistor ratio matching is in the ±1% to ±2% range (5 micron feature size)
[6,71. Accurate ratio matching of parasitic components is more difficult.

Active component matching Ls poorer than passive component matching. If the device
of Fig. 1.2-2 or some derivative structure is used as a resistor, as has been suggested
by several investigators working on continuous-time monolithic filters [8-11], the effective
impedance (for small voltages) is approximated by

RFET -- WK'(VGs - VT) (1)

and hence the percent change in RFET can be approximated by

ARFET AL AW AK' AVT
RFET L W K' VGS - VT (2

If all variables on the rir t hand side of (2) are assumed independently distributed, then
the mean standard deviations of is approximately the square root of the sum
of the individual variances of the terms on the right hand side of this equation. From
the comments made above, it follows that even if 6L and 6W effects are neglected the

L W
standard deviation of ARPa' is in the .6% to 6% range (for VGs - VT = Iv).

The seriousness of the limitations of the factors in Table 1.2-1 can be appreciated only
when one considers the specifications required in typical practical applications. Suffice it
to say that many applications exist in all frequency ranges from low audio to several GHz
if effective RC products or component ratios can be practically controlled to between 0.1%
and 1% accuracy. For notational convenience, this will be termed the medium precision
range. High precision will be denoted by corresponding accuracy requirements to better
than 0.1% and low precision will be denoted by those applications requiring less than 1%
accuracy. By practically controlled, it is meant that the cost of fabricating (including
trimming if required) the die is low and the yield, as determined by faults and component
variations due to both processing and temperature, is high. For example, if one expects to
obtain a respectable yield in applications which require control of the standard deviation
of RC products to within the 0.01% to 1% range, it is crucial that the individual parameter
variances that determine the RC products and which contribute in approximately the root

* mean squared sense to the overall standard deviation are also constrained to this range or
tighter.

None of the medium precision applications can be practically addressed without good
compensation for nominal process parameter variations. Minimal practical impact can be

* anticipated in the medium precision range for design techniques which don't have inherent
compensation for ,Il factors listed in Table 1.2-1 with the possible exception of passive (ca-
pacitative) component matching. Applications in the high precision range require inherent
compensation for all factors listed in Table 1.2-1.
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1. Nominal Process Parameter Variations
2. Statistical Process Parameter Spreads
3. Large Temperature Coefficients
4. Parasitic Resistors and Capacitors
5. Passive Component Matching
6. Active Component Matching
7. Device Aging

Table 1.2-1: Major Passive Factors Limiting Performance of Monolithic Analog Circuits.
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A discusion of alternative state of the art approaches to monolithic continuous-time
signal processing can be found in 1121 which is included in the Appendix along with com-
ments about the inherent limitations of these techniques which have limited precision
applications to low frequencies and essentially precluded the evolution of high-frequency
structures.
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1.3. DCASP OPERATION

The block diagram of the DCASP architecture of Fig. 1.2-1 contains four basic com-
ponents, the Controlled Signal Processor (CSP), the Performance Detector, the Exciter,
and the Digital Controller. The first three components enclosed in the dashed curves rep-
resent analog circuitry that will appear on a single substrate. The Digital Controller may
also be on the same substrate or may be external. The switch, S1, allows either the input
signal or the output of the Exciter to be applied to the Controlled Signal Processor itself.

The basic operation of the system is very simple. S1 is initially connected to the
Exciter output. In this mode the Digital Controller "identifies" the Controlled Signal
Processor by simultaneously identifying the three analog blocks: The Exciter, the Per-
formance Detector, and the Controlled Signal Processor. Once the CSP is identified, the
controllable components in the CSP are adjusted and latched to optimize performance of
the CSP relative to the given specifications. Following optimization, S changes states
allowing the input signal to be applied to the CSP. All signal processing then takes place
in the optimized analog CSP. Comments about the operation of each of the blocks and the
overall system follow.

The Controlled Signal Processor should be designed to allow for adjustment of a large
number of key parameters and functions. Large adjustment range and fine resolution for
all components is important. For example, if the CSP is designed to act as a filter, a group
of multiple input lossy integrators in which the loss and the unity gain frequency associated
with each input are all independently adjustable over a wide range might serve as the basis
for the CSP. By appropriately interconnecting these devices via the Digital Controller and
adjusting the components to optimize performance, a universal precision filter structure is
possible. For audio frequency applications, the adjustable components might be binarily
weighted resistors and capacitors or switched capacitors such as shown in Fig. 1.3-1. or
higher-level programmable structures such as Operational Transconductance Amplifiers
(OTAs) (131. Continuously adjustable rather than quantized components are also possible.
A typical grid (in the s-plane) depicting by intersection of grid lines the possible pole
locations of a filter constructed using this technique with quantized component values is
shown in Fig. 1.3-2. Methods of selecting the adjustable quantized components to obtain
maximal resolution for specific applications are considered in [14].

The Exciter provides an excitation or sequentially, multiple excitations for the CSP
during the identification state. Depending on the application, typically only fr or Vref
will be required. The exact value of these references is not critical but they must be known
and stable. The identification and optimization problem simplifies if multiple inputs (but
a fixed single reference) are sequentially applied by the Exciter. Considering again the
filter example, the Exciter may consist only of a non-precision voltage-controlled oscillator
(VCO). The Digital Controller is used to sequentially set the Exciter (i.e., VCO) operating
frequency. The "exact" frequency of oscillation for each step in the VCO sequence is not
critical but can be precisely determined with a modest amount of circuitry if f,. is known.
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The Performance Detector is used to measure the performance of the CSP itself. If
one were to attempt to identify only the CSP, the required specifications for the design
of the Performance Detector would typically be quite challenging. By also identifying the
Performance Detector and Exciter, the specifications required for these devices will be
modest. For algorithmic simplicity, the Performance Detector may also be made to be
tunable by the Digital Controller. Considering again the filter example, the Performance
Detector may be no more than a voltage comparator or a generic analog to digital converter.
Nonideal characteristics of the Performance Detector, such as offset voltages (as a function
of common mode input) may be identified and/or adjusted by the Digital Controller. Slew
rate and hysteresis effects may also be identified or, in some applications, ignored.

The Digital Controller is used to monitor the performance of the system during the
identification or pretune state. Based upon the output of the Performance Detector for
each excitation supplied by the Exciter, the system is adjusted to optimally meet the spec-
ifications established for the CSP. The desired specifications must be stored in nonvolatile
memory. For high-volume applications, tuning algorithms may be fixed in hardware. Once 4
tuned, the Digital Controller may either power-down or enter a standby state in which it
monitors portions of the system. Since the Digital Controller is not in the signal path, it
is not needed for real-time operation. Since the pretune ,peed is typically not critical, the
size and capabilities of the controller can be quite modes,;. Tradeoffs between algorithmic
tuning complexity and capabilities of the Digital Controller can be made.

Referring back to the technological limitations of Table IL.&-1 which plague the continuous-
time IC designer, it should be apparent that if an acceptable tolning strategy can be devel-
oped, and if the CSP has sufficient range and resolution so that the domain of realizable
specifications (henceforth termed the tuning domain) intersects with the desired specifica-
tions (henceforth termed the tuning domain), then the DCASP structure will be inherently
unaffected by nominal process parameter variations, statistical process parameter spreads,
parasitic resistors and capacitors as well as passive and active component matching.

If temperature changes after the initial trimming, several alternatives exist for tem-
perature compensation. In those applications where the signal path can be periodically
interrupted, the CSP structure can be re-calibrated. The Digital Controller can also mon-
itor die temperature and make on-line corrections based upon nominal temperature char-
acteristics of the devices. A dual signal path architecture in which the input signal is
alternately applied to the two paths and in which the un-excited path is off-line calibrated
is also possible.
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1.4. APPLICATION OF THE DCASP TO FILTERING

A simple example may prove useful in demonstrating the principle of operation of the
DCASP. Consider the desired magnitude and phase response of a filter with k adjustable
elements as depicted in Fig. 1.4-1. The performance of the CSP would be measured via
the Performance Detector at frequencies fl,. . ., f,. The exact values of these frequencies
can be precisely determined from knowledge of ff. The simulated measured magnitude
and phase characteristics at each of these frequencies as determined by the Performance
Dietector are also shown in the figure. Based upon the measured characteristics, the Digital
Controller will then adjust the k (typically n > k) controllable elements in the CSP to
optimize the filter performance relative to the user determined cost function.

Assuming each adjustable element in the CSP has r binary bit tuning capability, there
are N = (2 ')k possible settings of the controllable elements. N increases very rapidly with
k and r. It may well be the case that a large number of different settings will satisfy a
given set of specifications. The tuning algorit.-im need not necessarily obtain the optimal

* setting. It should be observed from this example that th adjustments made by the Digital
Controller need not be restricted to single-pass monotonic trims as is often the case for
hybrid thick and thin film circuit trimming. A sequential bi-directional trim strategy may
offer reduced trim complexity and quicker convergence than a single-pass scheme.
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1.5. OBJECTIVES

The stated objectives of this research are to develop practical design methodologies
and architectures for precision real-time monolithic analog circuit design which can be
used to implement self-testing/self-correcting and in-field self-calibration algorithms.

The specific goals for this fiscal year as itemized in the Statement of Work are to
focus on the experimental evaluation of the Controlled Signal Processor and on the design
and experimental evaluation of a monolithic performance detector. Both of these goals
were achieved and considerable progress towards meeting the stated objectives beyond the
specific goals for this fiscal year was made.

Specifically, the first generation Controlled Signal Processor was experimentally evalu-
ated. Basic performance was as predicted by simulations. A second generation Controlled
Signal Processor was designed, fabricated and tested. This second generation structure
offered significant improvements in both frequency adjustment range and Q adjustment
range over the initial CSP. The resolution was also improved.

A suLcomponent of the CSP which should also find applications well beyond this
project was developed. Specifically, an operational transconductance amplifier with pro-
visions for large input signal swings, wide gm adjustment range and good high frequency
performance was developed, fabricated and tested.

Architectures for the monolithic performance detector were investigated. A structure
based upon a fast sample and hold and a low frequency A/D converter was selected. The
key building blocks which comprise the performance detector were designed, fabricated
and tested.

The tuning problem was investigated. Algorithms for measuring the system gain at
fixed frequency points were developed. Methods of accurately determining key system
performance parameters based upon measurements at a finite set of frequencies were in-
vestigated. Computer simulations suggest that tuning algorithms based upon using the
predicted performance parameters which are applicable for a useful class of systems can
be developed.
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2.0 DISCUSSION

A block diagram of the basic DCASP architecture was shown in Fig. 1.2-1. of Sec. 1.2.
The major effort during the past year focused on the design of the Controlled Signal Pro-
cessor and the Performance Detector. Algorithms for gain determination and measuring
performance characterization paramaters were also investigated.

Section 2.1 concentrates on the design of the Controlled Signal Processor. The de-
sign of both the operational transconductance amplifiers and the capacitor arrays which
comprise the CSP are discussed.

The Performance Detector is discussed in Sec. 2.2 This component is addressed from
both the data interpretation and hardware implementation viewpoints.

A preliminary discussion of the tuning problem appearb in Sec. 2.3. Several different
* approaches to tuning are characterized.

A preliminary discussion of a tuning host which comprises a portion of the digital
controller in the basic DCASP architecture is presented in Sec. 2.4. This tuning host
will be used as a vehicle for testing different tuning algorithms in the next phase of this

* research effort.

A discussion of the memory mapping between the digital control words and the CSP
paramaters appears in Sec. 2.5. The address mapping to each of the control latches is also
discussed.

Finally, several basic functional blocks which are used in the design of the CSP and
Performance Detector were designed, fabricated and tested. These are useful for determin-
ing the performance limitations of the CSP and Performance Detector as well as optimizing
next generation designs. Some of these blocks are discussed in Sections 2.1 and 2.2 and

• the remainder are summarized in the discussion of experimental testing in Sec. 5.0.
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2.1 Controlled Signal Processor (CSP)

As the name implies, the CSP is that portion of the DCASP chip which processes the
input voltage signal, yielding an output signal which is related to the input by the transfer
function, H(s) - . As seen in the block diagram of Fig. 2.1-1, the CSP includes three

cascaded biquad structures. Each biquad implements a second--order transfer function;
thus, the CSP may implement sixth-order transfer functions.

The cascaded biquad approach was adopted to simplify the tuning procedure. The
CSP structure contains analog switches which allow an external input signal to be directed
to any of the three biquad inputs. The corresponaing biquad output may be directed to
the performance detector, allowing each biquad to be tuned individually. As will be seen in
Section 2.3, the tuning of these second-order structures (biquads) is not a trivial problem.
The problem of directly tuning a higher-order structure is even more involved. For this
reason, the cascaded biquad approach was selected, even though alternate sixth-order
structures might considerably simplify the circuitry. The cascaded biquad approach may
be easily extended to implement higher-order structures.

In addition to the signal voltage, the CSP has as inputs the digital address, data, and
control lines of the DCASP system bus. These allow for the reception of the digital data
which set the biquad transfer functions and which set the appropriate analog switches to
achieve the desired interconnections in the CSP.

Subdivisions of the CSP are discussed in the following sections, beginning with the
filter biquad. The key bluck .n the biquad is the controlled transconductance amplifier
(CTA). The CTA is further divided into an operational transconductance amplifier (OTA)
and a digital-to-analog converter (DAC). The biquad also includes programmable capac-
itor arrays (PCA's) and a buffer.

The basic architecture of the CSP is the same for both DCASP-1 and DCASP-2; i.e.,
all block diagrams presented in these sections are essentially the same for both DCASP

* implementations. However, significant design modifications were made to the OTA, DAC,
and PCA. These changes greatly increase the range of transfer functions which can be
realized by the biquad and, hence, by the CSP. Unless specifically stated to the contrary,
it will be assumed that all discussions about the CSP and the building blocks comprising
the CSP in this Section (Section 2.1) are in reference to DCASP-2.

2.1.1 Filter Biquad

The biquad is itself a controlled signal processor; a single biquad is capable of realizing
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second-order transfer functions of the form

Vo,__ s2 + BW,, (2.1-1)
a-'-s"+ BWs, + w'

where wp and w, are the pole and zero frequencies and (BW)p and (BW), are the pole
and zero bandwidths. Analog switches are provided which allow the biquad to realize any

0 one of several common transfer functions by eliminating the s2, s1, or so term(s) in the
numerator of (2.1-1); for example, the s2 and sl numerator terms may be eliminated to
yield the transfer function of a lowpass filter.

A diagram of the biquad used in DCASP-1 and DCASP-2 is shown in Fig. 2.1-2. It
• contains five controlled transconductance amplifiers (CTA's), two programmable capacitor

arrays (PCA's), an analog buffer, and several analog switches. The biquad is actually a
modified two integrator loop structure with the integrators being comprised of an OTA
loaded by a capacitor [15]. The transfer function may be written as

(Bhp)s 2 + 9M4 - gm3Bbp) , + (m1,m3 + gm 2gm3Bip .-

VUt 327 (C 5 C7gm (2.1 -2)Vi 2 +(9M s + gmn~gm3

* where the B variables can assume the value of either 0 or 1 depending upon the switch
settings. Table 2.1-1 lists the switch settings and the conditions on the g. which will
result in the realization of various common transfer functions.

Comparison of (1) and (2) yields the following relationships:

P = I0 g203 (2.1 - 3a)

(Bw), = ' (2.1 - 3b)
C7

= %gigm3 + gm2gm3Btp (2.1 - 3c)
C6C7

(BW)z = gn4 - gm3Bbp (2.1 - 3d)
C 7

• Adjustment of these frequencies and bandwidths is accomplished by the adjustment of the
appropriate gn's and/or capacitances. The CTA permits both a "fine" and a "coarse"
adjustment of gin, with the coarse gn adjustment being capable of producing a much more
significant (i.e., greater magnitude) change in gm than the fine adjustment. Thus, fine
and coarse control of the frequencies and bandwidths may be achieved by the fine and

* coarse adjustment of the gm's. The control of the frequencies and bandwidths via the
adjustment of the capacitance of a PCA is also considered to be a coarse control, as the
change produced in this way is generally more significant than the change obtained with
the fine gm adjustment.

* 2.1-3
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* Table 2.1-1: Biquad settings for common transfer functions.

I I Special
Bh Bbp Bi, Conditions

*Highpass(HP) 1 0 0 gmi 9 =4 0
Bandpass (BP) 0 0 or 1 0 g = 0
Lowpass (AP) 0 0 0Oor1 mn4 = 0
Ailpass (AP) 1 1 1 gmi =gm4 0

____ ___ ____ __ ____ _ m3 = m

*Lowpass Notch 1 0 1 gm4= 0
(LPN) ___ __ mi > gm2

Highpass Notch 1 0 0 m4= 0
(HPN) J______ mI <g9m2



Note from (2.1-3) that the fine adjustment of g..s will result in a fine adjustment of
(BW)p without affecting (BW)., w., or w.. Similarly, gin4 may be used to adjust (BW)1
without affecting th2 other three parameters. For the case of the resonant frequencies,
however, the situation is complicated by the fact that for Bp =--- 1, both wp and W, are
functions of gi,2 and g,3. The fine adjustment of these frequencies may be handled by
first adjusting Wp using gm,2, then adjusting w. using gin1 .

The coarse control of the gin's and capacitances is responsible for the wide range of
frequencies and bandwidths which can be realized by the biquad. The gm of the OTA used
in the biquad is adjustable from 0.19AS to 431AS and the programmable capacitor can be
adjusted from 2.39pF to 24.4pF for the specific implementation used in the DCASP-2
design. Fig. 2.1-3 shows the corresponding range of attainable pole frequencies and pole 6
bandwidths for the biquad. The attainable pole frequency range is seen to be from less
than 2kHz to greater than 2MHz; the attainable pole bandwidths range is essentially the
same.

The points in Fig. 2.1-3 were generated simply by using (2.1-3a) and (2.1-3b) to •
calculate wp and (BW)p for all coarse values of gm2, gn3, gins, C6, and C7 . However,
due to signal amplitude saturation on an internal node in the biquad, it is not practical
to implement transfer functions using some of these gm and C combinations. Specifically,
signal amplitudes at the output of gm and gim2 in Fig. 2.1-2 must be limited (< 4Vp-p)
in order to prevent excessive distortion of the signal. 6

The voltage, 1I, at the internal node is related to the input voltage by the following
equation:

V BbpS 2 + v + + m2m4 gt .2 Bbp-0m2gmsBip)

71 n- 8~~2 + JL_8+ 92%

(2.1-4)
From (2) and (4), the voltage at the internal node is related to the biquad output voltage
as

V, BbpS 2 + (7rn2hy*J2BI-9t + 6 + C. C,'gmgft-mgmBv-mgrst

V0 -It ~ (Bhp)3 2 + (tn4 aPn3B ).5+ (9.nI 9n39i2" ig

One way to avoid distortion at the internal node, while maintaining the maximum output6
voltage range, is to stipulate that the magnitude I vt[ be no greater than 1 throughout

the frequency range of interest. Actually, we would prefer to stipulate that 1Vo(j;)[ and
IVI(iw) 1 S VREVF for all w where VREF is some acceptable peak signal amplitude.

Figures showing the attainable pole frequencies and pole bandwidths which satisfy
the condition

V1 () < 1 (2.1-6)
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have been constructed to determine the effect of this limitation. Fig. 2.1-4 shows the
range of Wp and BWp values for the lowpass, highpass and bandpass transfer functions
with the signal amplitude limitation of (2.1-6) imposed. These ranges are slightly less
than that depicted in Fig. 2.1-3 where no considerations were made for signal amplitude
limitations; however, the ranges of attainable pole frequencies and bandwidths for these
filter types still appear to be sufficient.

It can be readily shown that no allpass transfer functions can be implemented which
atisfy (2.1-6). Allpass functions may be implemented only at the expense of dynamic

range reduction; e.g., if the output voltage is restricted to 2VP'p, then a number of pole
frequencies and bandwidths are possible which will not result in internal node voltages
greater than 4VP-P. Figures 2.1-5(a) and (b) show the range of attainable pole frequencies

and pole bandwidths for the allpass function subject to the conditions Ydf y < <2.01 
P

and Y.8. < 3.0, respectively.

An analog buffer is included at the output of the biquad in order to give the biquad a
low output impedance and the capability to drive the following biquad or other load. The
CTA based integrators which comprise the biquad are not suitable for this task, since the
CTA characteristically exhibits a high output impedance.

The CTA, PCA, and buffer are discussed further in the following sections.

Note that in addition to the analog switches which affect the transfer function of the
biquad, Fig. 2.1-2 shows one analog switch at the biquad input (set by Be.c) and two at
the biquad output (set by B,,,, and Brep). These allow the biquad input to be connected
either to the excitation line (Vec) in the analog bus or to the output of the previous
biquad, while the biquad output may be connected to the input (V, ,,) of the following
biquad or to the response line (Vreep) in the analog bus.

I
2.1.2 Controlled Transconductance Amplifier (CTA)

The function of the CTA is to provide a parameter (transconductance, g,) which can
be varied in order to achieve a desired biquad transfer function. As seen in Eq. (2.1-3),
the expressions for the biquad's pole and zero frequencies and bandwidths each contain
at least one g. factor. A block diagram of the CTA used in this project is shown in Fig.
2.1-6. It consists of an operational transconductance amplifier (OTA), a digital-to-analog
converter (DAC) and a 12-bit latch.

There are two ways in which to vary the g, of the CTA. One results in coarse gm
adjustment and the other in a fine adjustment.

The coarse adjust is achieved by enabling any combination of the six differently sized

2.1-8
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output mirror stages of the OTA. This will result in an effective change in the mirror gain

and, hence, a change in the gin, since

gm= AMgin , (2.1-7)

where Am is the current mirror gain and gnd is the transconductance gain of the differential
input stage to the OTA. The OTA architecture will be discussed in more detail in the
following section.

The second way in which to vary the g,,, is to vary the digital input to the DAC. This
will result in a change in the DAC output voltage, which is the OTA control voltage, Via.
The Vt.j1 adjustment constitutes the fine adjustment capability. The transconductance
gain of the differential input stage, gm9d, is dependent upon Vt~ai; the relationship between
the two may be approximated by the equation of a straight line,

gmd m- rVtai + b (2.1 -8)

where m and b are constants determined from a plot of gnd vs. Vtail. From (2.1-7) and
(2.1-8), the overall transconductance gain of the OTA can be expressed as

gm= Am(rnVa, + b). (2.1 - 9)

Six bits have been assigned to both the coarse adjustment and the fine adjustment.
A 12-bit latch is used to hold this 12-bit control word. For notational purposes, the most
significant 6 bits are used to control the output mirror stage and thus correspond to the
coarse adjustment feature whereas the least significant bits are used to control VtaiJ which
constitutes the fine adjustment. The mapping of these bits to the values of attainable gin's
is discussed in the following sections.

The basic architecture of the CTA is identical in both DCASP-1 and DCASP-2;
i.e., the block diagram of Fig. 2.1-6 applies to each. However, the CTA of DCASP-
2 does include several modifications to the latch, the OTA, and the DAC. For one, the
CTA latch of DCASP-1 required only 8-bits, as the OTA of DCASP-1 contained only two
output stages compared to the six output stages of DCASP-2. Improvements in paramater
adjustment range and resolution were obtained with DCASP-2 at the expense of requiring
additional control bits and some additional circuit elements. The differences between the
OTA and DAC of DCASP-1 and -2 are discussed in the following sections.

2.1.2.1 Operational Transconductance Amplifier (OTA)

The transconductance, g,,, of the OTA is one of the parameters which sets the pole and
zero frequencies and bandwidths of the biquad, the other parameter being the capacitance
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of the PCA. This is apparent from equation (2.1-3). Both a fine and a coarse adjustment
of g. are provided for in the OTA. The OTA of DCASP-2 contains modifications to the
coarse g,,, control which permit the biquad to realize a greater range of frequencies and
bandwidths than does the biquad of DCASP-1.

The OTA of DCASP-2 is shown in Fig. 2.1-7. Device sizes are listed in Table 2.1-2.
The circuit is a slightly modified version of a recently reported approach for designing
CMOS OTA's [161. It employs a linearized input stage consisting of a simple source-
coupled pair M1, M2 biased dynamically by a compensating current component which is
proportional to the square of the differential input voltage. This square-law compensating
current (generated by M3 - M6) is used to counter the inherent quadratic nonlinearities
of the source-coupled differential pair itself. By properly scaling the W/L ratios of the
source-coupled pair and the cross-coupled devices, the nonlinearities of the input stage
can be largely cancelled out over a wide input voltage range.

The control voltage Viail sets the bias currents and determines the transconductance
of the input stage. The fine adjustment of g, is accomplished by the adjustment of this
control voltage. This is further discussed in connection with the DAC in the following
section. The differential drain currents, IDl and ID2, from the linearized input stage are
amplified and subtracted using current mirrors to yield the OTA output current '.

The pole frequencies and pole bandwidths attainable with DCASP-1 are shown in
* Fig. 2.1-8. Note the undesirable gap in the attainable bandwidths for frequencies greater

than 900 KHz. Also note that the minimum bandwidth is approximately 21 KHz; a smaller
minimum bandwidth is preferable. Both increased gm, adjustment range and resolution are
needed.

0 The OTA design of DCASP-1 permits a coarse control of gin by a factor of either 1
or 0.1. There exists a gap in the attainable values of g,,,, and this causes the undesirable
gap in the attainable pole bandwidths noted earlier.

The OTA of DCASP-2 differs from the previous design in that it contains six output
* stages rather than two. The six output stages allow a coarse adjustment of g.. by a factor

from 1 to less than 0.01. Furthermore, these output stages are designed such that there
are no "gaps" in the attainable values of g,, in the geometric scale sense.

The W/L ratios of the six output stages were selected to allow g, to be incremented
* by geometric factors of 1.618 from the minimum value of g, to the maximum value of g,.

For example, assume the gain of the first stage (M28-M33 in Figure 2.1-7) is (1.618)- 10.
If the second stage (M34-M39) is enabled while all others are disabled, the gain is (1.618)-9.
If the first and second stages are enabled, the gain is (1.618) - 10 + (1.618) - 9 - (1.618) -8.

* Table 2.1-3 shows the digital control sequence necessary to obtain 11 uniformly spaced (in
the geometrical sense) g.. values with the 6 control bits.

Resolution based upon a geometric (logarithmic) scale rather than a linear scale was
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* Table 2.1-2: Device Sizing for OTA Structure of Fig. 2.1-7.

DEVICE SIZE
* _ (microns)

M1-M2 8 5
M3-M4 16 5
MS-M6 8 5
M7 7 5
M8-M9 40 3
M1O-M15 80 3
M16-M17 60 3
M18-M21 120 3
M22-M23 60 3
M24-M25 120 3
M26-M27 60 3
M28-M31 5 11

0M32-M33 7 3
M34-M37 6 9
M38-M39 7 3
M40-M43 15 9
M44-M45 7 3

0M46-M49 21 6
M50-M51 7 3
M52-M55 17 3
M56-M57 7 3
M58-M61 44 3

* M62-M63 17 3
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0

Table 2.1-3: Gain of OTA as a function of coarse control digital input assuming gain of
first stage is equal to (1.618)- 10.

0 - -.-.-. .
A5  A 4  A3  A 2  A1  Ao I Gain

0 0 0 0 0 1 (1.618) - l0 = .00813
0 0 0 0 1 0 (1.618)- 9 - .01316
0 0 0 0 1 1 (1.618)-l = .0213
0 0 0 1 0 0 (1.618)-l = .0344
0 0 0 1 1 1 (1.618) - 6 = .0557
0 0 1 0 0 0 (1.618)-- = .0902
0 0 1 1 1 1 (1.618)-4 = .1459
0 1 0 0 0 0 (1.618) - 3 = .236
0 1 1 1 1 1 (1.618)-2 = .382
1 0 0 0 0 0 (1.618)-l = .618
1 1 . 1 1 1 (1.618)°= 1.000
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selected because it is thought that this will more realistically meet a larger portion of
filtering needs. This is particularly important for structures which are capable of a large
WP adjustment range. Note that when resolution is defined in the geometric (logarithmic)
sense rather than the linear sense, a fixed % of resonant frequency resolution can be
maintained throughout the domain of adjustment. With a linear rather than geometric
scale, the effective resolution (% of resonant frequency) for wide Wp adjustment ranges is
much worse at low frequencies than at high frequencies.

The factor 1.618 is optimal in that it is a solution of the equation

X + X2 = X3  (2.1-10)

Thus, gains such as (1.618) - 8 may be obtained by enabling the (1.618)-la and (1.618)-g
stages rather than requiring a separate stage.

It can be noted from Table 2.1-3 that the 6 digital control bits allow for the uniform
spacing in the geometric sense of 11 achievable gains. This is certainly much better than
the 6 that would be achievable if each bit could select only one gain. Note also that this
table lists only 11 of the possible 2s = 64 codes for A0 - As. The digital control words
missing in Table 2.1-3 can also be used to provide 53 additional mirror gains distributed
between the 11 listed in the table. Although this can provide significant improvements in
resolution in some ranges, these points are not uniformly spaced and are bunched towards
the unity gain end of the mirror gain range. In particular, none of these 53 points yield a
gain between (1.618)-9 and (1.618)-10; hence, no improvement in the overall resolution is
achieved by adding these points.

The fine control of gin provided by the voltage Vt,,z must allow the gain to vary by 0
a factor greater than 1.618 to insure that there are no undesirable gaps in the obtainable
values of g,,,. As discussed in the following section, this factor was chosen to be approx-
imately 1.87. It is believed that this will allow for compensation of mismatches in the
mirror devices which could cause the coarse gm adjustment to deviate from the factor of
1.618. 0

Recall from equation (2.1-9) the relationship between g, and Vt., 1 ,

g,n = AM(mVtauI + b) (2.1 - 11)

The mirror gain factor AM is now seen to be a power of 1.618 (assuming only the 11 states
listed in Table 2.1-3 are considered). Also, the constants m and b determined from an
experimental plot of gmd versus Vtil are 61.8,uS/V and 257.9AS, respectively. Including
these factors, the gm of the CTA may be expressed as

gM = (1.618)-'(61.8Vtaii + 257.9) i = 0, 1, ... , 10, (2.1- 12)

where Vt ail is in volts and gm is in 1AS.

2.1-18



Recall Fig. 2.1-3 shows the range of pole bandwidths and pole frequencies attainable
with the biquad DCASP-2. Comparing Fig. 2.1-3 to Fig. 2.1-8, it is clear that in addi-
tion to the absence of gaps in the bandwidths, much smaller bandwidths can be attained
in DCASP-2. The biquad of DCASP-2 permits a minimum bandwidth of 1.2 KHz, as
opposed to the minimum bandwidth of 21 KHz for the biquad of DCASP-1.

The greatly expanded gm adjustment range provided by the OTA design of DCASP-
2 may eliminate the need for a programmable capacitor array, (PCA), in future DCASP
implementations. Note from equation (2.1-3) that the pole and zero frequencies and
bandwidths are determined by ratios of the form gm/C. In DCASP-2, a coarse adjustment
of this ratio is obtained by the coarse adjustment of g. or the adjustment of the capacitance
of the PCA. Considerable simplification of the circuitry may result if a fixed capacitor
could replace the PCA; i.e., if the coarse gm adjustment alone provided sufficient coarse
adjustment of the pole and zero frequencies and bandwidths.

The method used to disable the output stages is also noteworthy. When a stage is
disabled, the corresponding signal current is channeled through two auxiliary transistors

* rather than allowed to pass through to the output node. For example, when the first
stage is disabled (by setting A, to logical 0), the signal current is chann~eled through M32
and M33 rather than allowed to pass through M29 and M30 (as it would normally do for
Ao = 1).

* The point to be noted here is that the output stage always draws a dc current, and
hence dissipates power, regardless of whether it is enabled or disabled. This results in
constant power dissipation for all mirror gains or, correspondingly, a waste of power for all
but the case where every output stage is enabled. Table 2.1-4 lists the dc current drawn by
each stage when that stage is disabled; these numbers were obtained from SPICE analysis.

If desired, these losses may be reduced by using a structure such as the one shown
in Fig. 2.1-9. Here, the stage is disabled by controlling gate voltages. When the stage is
disabled (A=O), the gate voltages applied to M5 and M8 are VDD and VsS, respectively;
thus, these two transistors are off and the stage draws no current. This structure may,

* however, exhibit undesirable characteristics due to such things as increased gate capaci-
tance (due to the presence of M3 and M4) and nonlinearities associated with transmission
gates M1 and M2.

0
2.1.2.2 Digital-to-Analog Converter (DAC) and Fine gm Adjustment

The DAC generates the OTA control voltage Vt,,i which is used in the fine adjustment
of g, (see Fig. 2.1-7). The DAC of DCASP-2 was designed such that the resolution in
gm always remains better than 1%. The resolution here is defined as

resolution = Agm (2.1 -13)
rM
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Table 2.1-4: DC current drawn by disabled OTA output stages.

VDD =+5V; VSS -5V, VEJAS = -2.5V, Vtai1 = -3.4V

Stage Transistors Current (ItA)

1 M28-M33 .72
2 M34-M39 1.26
3 M40-M45 3.4
4 M46-M51 10.3
5 M52-M57 36.0
6 M58-M63 95.2
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* Fig. 2.1-9: Alternate OTA output stage structure which eliminates DC current when
stage is disabled. (Node voltages V, Vb, Vc, Vd correspond to those in existing OTA
structure of Fig. 2.1-7.)
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where Ag., is the change in g.. produced by one LSB transition of the DAC. The DAC
of DCASP-2 also allows greater overlap of the coarse g, ranges than would the DAC
of DCASP-1. This is further discussed below. (Note: the g, resolution is ultimately
determined by the DAC rather than the output mirror stages of the OTA. Unless otherwise
stated, it will be assumed throughout this section that the mirror gain, AM in equation
2.1-9, is constant and equal to 1.)

Consider first the use of a linear DAC as in DCASP-1. Since g.. is proportional to
Vtail (see equation 2.1-9), the Agm is a constant. In order to maintain a resolution of
< 1% for the largest possible range of adjustment of gn, it follows from (2.1-13) that the
value of Agin must be

AgM = .01gMUr. (2.1- 14)

For the ith state, the value of g,, is then

r = gm',, + iAgm i = 0, 1,..., 2 N - 1, (2.1-15)

where N is the number of bits in the DAC. For a 6-bit linear DAC, the maximum value
of g, is

gMAX - gmMr + (26 - 1)Agm = 1.6 3 g,,,, (2.1 - 16)

Recall that the output stages of the OTA allow for a coarse adjustment of gm by a factor
of 1.618. The fine adjustment of gm by a factor of up to 1.63, suggested by (2.1-16), is
deemed to provide insufficient overlap of the coarse ranges.

Consider now the use of a DAC which allows Agm to be larger for larger values of

9m in order that the ratio -gm remain constant. For a resolution of 1%, it follows from

• (2.1-13) that
Agm , = .01gn, (2.1 - 17)

and
gni+, = 1.01gmi (2.1 - 18)

• The value of gmi is related to the minimum value by

gi = (1.01)'gmmzv i = 0, 1, ... , N - 1 (2.1- 19)

For a 6-bit DAC, the maximum value of gm is

* g, = (1.01)y3g'nMN = 1.87gmmzv (2.1- 20)

Thus, this constant gm-resolution DAC allows a fine adjustment of gm by a factor of up to
1.87; this is the maximum factor that can be attained using a 6-bit DAC and maintaining
a resolution of at least 1%.

The DAC implemented in DCASP-2 is such that successive voltage increments are
related by a constant factor, i.e.,

AV+I = CAV i = 0, 1, . 61 (21-21)
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where Vi is the output voltage of the DAC corresponding to the 6-bit digital input ex-
pressed in decimal form as i, C is a positive constant and

Avi = V41 - vi i = o, 1,..., 62 (2.1-22)

It follows from (2.1-21) and (2.1-22) that

Av, = Ct AVo i = o, 1, . .. , 62 (2.1-23)

This has been termed a logarithmic DAC since, for C 0 1, the incremental voltage changes
are equally spaced on a logarithmic scale. (Note that a linear DAC results when C=1).
The output voltage for the i th state may be written

i-I

V= Vo + AVO Ck s= 1, 2, ... ,63 (2.1-24)
k=O

or, for C 5 1,

V=VO+ AV(1- C i ) i= 1, ... , 63 (2.1-25)

An expression for the resolution in g.. as a function of the constant C will now be
determined for the case of the logarithmic DAC. In equation (2.1-9), the g, of the OTA
was expressed as a linear function of the DAC voltage. In terms of the iA state of the
DAC,

gin, = (mV + b)Am, (2.1 - 26)

where m and b are the slope and intercept of the gmad vs. Vi curve and the output voltage
of the DAC, Vi, is assumed to be the tail voltage, Vt~i,, in the OTA structure of Fig. 2.1-7.
(Note: the mirror gain, AM, is included in equation (2.1-26) to demonstrate that it need
not be equal to 1, but may be any constant.) The incremental change in g,, due to one
LSB transition of the DAC is then

Ag,= gmi+l - gmi = AMmAV (2.1 - 27)

From (2.1-23), it follows that

Agm. C'AMmAVo = C'Agm. (2.1 - 28)

and

gin, = Agmo( C) + gm (2.1-29)1-5C

Combining (2.1-28) and (2.1-29), the resolution in gn is

Ci Ag,.°

Agm,_i C'Agm° - gmo (2.1 - 30)

gg,(1 - CS) + Agmo (1 - CS)

S -C m (1C) +1
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This last equation relates the g, resolution for the it " state in terms of the constant C
and the resolution of the zeroth state. Of special interest is the case where the DAC is
designed such that

Agmo _ C - 1(2.1 -31)

For this case, (2.1-30) simplifies to

Agmi Agmo (2.1-32)

and the resolution is seen to be constant and equal to C - 1. This situation, then, describes
the constant gm resolution DAC discussed earlier.

A schematic of the 6-bit parallel switching array DAC used in DCASP-2 is shown in
Fig. 2.1-10. This structure is based upon a (26 - 1) 63-element resistive polysilicon string
which is tapped by a pyramidal switching array. The array of switches provides a single
conductive path to a specific tap on the resistor string depending on the digital input to
the DAC. This approach does not require any decoding logic and thus has a much smaller
active area (0.20mm 2) than the classical approach used in DCASP-1 (1.22mm 2).

The use of a resistor string is suitable for realizing the linear DAC of DCASP-1 or
the logarithmic DAC of DCASP-2. For either case, the voltage, Vi, between the i and i+1
resistors may be written as

*i

V =Vo + s (V63 -Vo) i =1, 2, .,63 (2.1-33)

EZRk
k=1

* where Vo and V63 are the voltages present at the two ends of the resistor string. (Note:
The voltages V,,ei+ and Vre- indicated in Fig. 2.1-10 are the voltages which are actually
applied to the input pins on the chip. However, due to parasitic resistances Rp1 and Rp2 ,
the voltages Vo and V63 differ slightly from the applied voltages Vef + and Vrei.-.)

* A linear DAC results when the value of all resistors is the same. Under this condition,
(2.1-33) becomes

Vi (V63 - Vo) + Vo (2.1-34)
63

* A logarithmic DAC results when the value of adjacent resistors differs by a constant
factor other than unity, i.e., when

t= CR%_ i = 2, ... ,63 (2.1-35)
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or Rs = C'-Rl i = 1, ... , 63 (2.1-36)

for C $ 1. Under these conditions, (2.1-33) becomes

* Ci-1

,= (V63 - Vo) (2.1-37)
IV' Ck-1
k=1

and equations (2.1-21) through (2.1-32) are satisfied. Note that, from (2.1-37),

V=V-V= 63C (V63 - Vo) (2.1-38)

E Zck=1c6k-I

Thus, AVo, and hence Agmo, can be made as small as desired by proper choice of the
constant C and applied voltages V63 and Vo. A more exact expression for the voltage of
the ith state follows from (2.1-25) and (2.1-38),

1 - CiVi = Vo + C6 3 (V63 - Vo) (2.1-39)

It should be obvious that the maximum g,, adjustment range, resolution and digital
control word length are related. This relationship is, from (2.1-29) and (2.1-31).

9gMAX - gmM, = (1 + 1) 2 - 1  1 (2.1 - 40)

where P7 is the resolution and N is the length of the digital control word.

To summarize, the DAC of DCASP-2 was designed to maintain a g,. resolution of
< 1% while permitting a fine adjustment of g, over a wider range than possible with a
linear DAC. Furthermore, the logarithmic DAC described above can be used to maintain
a fixed gm, resolution by choosing the constant C in (2.1-35) to satisfy (2.1-31). For the
case of a fixed 1% g,,, resolution, this would result in a fine adjustment of gm by a factor
of 1.87 for a 6-bit logarithmic DAC, as opposed to a factor of 1.63 for the case of a linear
6-bit DAC which maintains a g,. resolution of < 1%. As the number of bits increases, the
difference between the gm adjustment range attainable with a logarithmic DAC and that

* attainable with a linear DAC for fixed resolution also increases.

Practical considerations make it difficult to exactly satisfy the constraint of (2.1-35)
since the fabrication process used in DCASP-2 allows length variations only by integral
numbers of microns. For example, assuming C = 1.01 and assuming that the resistors
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are to be single lengths of polysilicon (as opposed to having comers), R, would have to
be 100Mm long in order that R2 could be made 101Am long and hence satisfy (2.1-35).
The 63 element resistor string, assuming the width of the string remained constant, would
require a length of 8, 717am.

Rather than using such single length polysilicon resistors, an alternate approach is to
include corners in the resistor, achieving the desired resistance variation by varying the
dimensions of the resulting polysilicon segments. This is shown in Fig. 2.1-11, from which
the number of squares of polysilicon in the resistor can be approximated by the equation

#squares _ + X + -__ + 4(.55) (2.1 - 41)

The factor of .55 in (2.1-41) is an estimate for the equivalent number of squares represented
by a corner. Table 2.1-5 lists the dimensions of the 63 resistors used in the DAC of
DCASP-2.

Also listed in Table 2.1-5 are the ratios of adjacent resistors in the string. Recall
from (2.1-35) that, ideally, these ratios should all be equal to the constant C = 1.01. This
design goal was outweighed by practical considerations of device size and the inaccuracies
of equation (2.1-41) (i.e., the factor of .55 squares as an estimate for the corners is not
exact). Since the adjacent resistor ratios are not a constant 1.01, the g, resolution in
DCASP-2 is not exactly a constant 1%. However, the reference voltages applied to the
resistor string may still be selected such that the g,, resolution is always < 1%. While
this does not yield the maximum fine adjustment of g, by a factor of 1.87, it is still an
improvement over the linear DAC; i.e., the range of the fine adjustment of g,, is increased in
DCASP-2 by using varying-sized resistors, as opposed to using identically-sized resistors
as in DCASP-1. For the resistor values listed in Table 2.1-5, it is estimated that the DAC
of DCASP-2 will allow a fine adjustment of gm, by a factor of 1.83 while maintaining a g..
resolution of < 1%.

2.1.3 Programmable Capacitor Array

The programmable capacitor array was designed to provide a coarse control of the
poles and zeros for the biquad of DCASP-1. As stated earlier, with the modifications in
the output stage of the OTA of DCASP-2, the capacitor array may be dispensable, with
a fixed capacitor taking its place. If this were done, the coarse control of the poles and
zeros would be provided instead by the coarse control of the g,,'s. The capacitor array
was included in DCASP-2, allowing both methods of coarse control to be examined.

The array of DCASP-2 differs from that of DCASP-1 in that the effect of parasitic
capacitances is better accounted for. This is discussed below. Also presented are two
alternate implementations of capacitor arrays which rray find application in future designs.

The pole and zero frequencies (and bandwidths) of the biquad are determined by
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Fig. 2.1-11: Structure used to implement resistors of DAC of DCASP-2.
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Table 2.1-5: Resistor Values Used in DAC Resistor String of DCASP-2. X, Y, Z refer 6
to the dimensions in Fig. 5.12-6.

N X Y Z # Squares RN RN 6

(A m ) (A rn ) (g m ) (11 ) _ _ _ _- _I

1 7 4 9 5.794 231.8 -

2 7 4 8 5.850 234.0 1.010
3 6 4 4 5.900 236.0 1.009
4 5 5 4 5.950 238.0 1.008
5 8 4 19 6.010 240.4 1.010
6 7 5 14 6.057 242.3 1.008
7 8 4 13 6.108 244.3 1.008
8 8 4 11 6.164 246.6 1.009
9 8 4 10 6.200 248.0 1.006
10 7 5 9 6.255 250.2 1.009
11 7 5 8 6.325 253.0 1.011
12 8 4 7 6.371 254.8 1.007
13 8 5 21 6.438 257.5 1.011
14 8 5 17 6.494 259.8 1.009
15 8 5 14 6.557 262.3 1.010
16 8 4 5 6.600 264.0 1.007
17 8 5 11 6.655 266.2 1.008
18 7 5 5 6.700 268.0 1.007
19 8 5 9 6.755 270.2 1.008
20 8 5 8 6.825 273.0 1.010
21 10 4 20 6.900 276.0 1.011
22 10 4 16 6.950 278.0 1.007
23 9 5 16 7.012 280.5 1.009
24 9 5 13 7.085 283.4 1.010
25 10 4 9 7.144 285.8 1.008
26 10 4 8 7.200 288.0 1.008
27 9 5 9 7.255 290.2 1.008
28 9 5 8 7.325 293.0 1.010
29 1i 4 17 7.385 295.4 1.008
30 10 5 20 7.450 298.0 1.009

22
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jN~ IRN
N X Y ( # Squares Rg RN

(AM) (Ar) (A) A RN - 1

31 11 4 11 7.514 300.6 1.009
32 10 5 13 7.585 303.4 1.009
33 11 4 8 7.650 306.0 1.009
34 11 4 7 7.721 308.8 1.009
35 10 5 9 7.755 310.2 1.004
36 12 4 16 7.850 314.0 1.012
37 10 5 7 7.914 316.6 1.008
38 11 5 17 7.994 319.8 1.010
39 11 5 14 8.057 322.3 1.008
40 11 5 12 8.117 324.7 1.007
41 10 5 5 8.200 328.0 1.010
42 11 5 9 8.255 330.2 1.007
43 13 4 14 8.336 333.4 1.010
44 13 4 11 8.414 336.5 1.009
45 12 5 17 8.494 339.8 1.010
46 12 5 14 8.557 342.3 1.007
47 13 4 7 8.621 344.8 1.007
48 13 4 6 8.716 348.6 1.011
49 14 4 14 8.786 351.4 1.008
50 14 4 11 8.864 354.6 1.009

* 51 14 4 9 8.944 357.8 1.009
52 13 5 16 9.012 360.5 1.008
53 13 5 13 9.085 363.4 1.008
54 13 5 11 9.154 366.2 1.008
55 13 5 9 9.255 370.2 1.011

* 56 13 5 8 9.325 373.0 1.008
57 13 5 7 9.413 376.5 1.009
58 14 4 4 9.500 380.0 1.009
59 14 5 13 9.585 383.4 1.009
60 14 5 11 9.654 386.2 1.007

• 61 15 4 5 9.750 390.0 1.010
62 14 5 8 9.825 393.0 1.008
63 14 5 7 9.914 396.6 1.009
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ratios of the form I. DCASP-1 allowed a fine control of g9,, and thus a fine control
of the frequency, by a factor of 20%. To insure that there are no gaps in the attainable
frequencies, the coarse control ,f C provided by the capacitor array must be by a factor
less than 20%. A factor of 13% was chosen, resulting in capacitor values of

C = CO(1.13)' , i=0, 1, . .. , N-i, (2.1-42)

where Co is the minimum capacitance and N is the number of capacitors in the array.

In order to reduce the silicon area required by the array, only the incremental changes
in capacitance were realized. For example, the value of the second capacitor in the array
is 0.13C,; the desired capacitance is then achieved by switching this capacitor in parallel
with the capacitor C0 , giving a total of 1.13C. Higher values of capacitance are achieved
by switching additional capacitors one by one in parallel. The value of each capacitor in
the array is given by

Ci- 10.13C-1 , i=l, ... , N-I (2.1-43)

and the total capacitance in the M t h state is

M
CM=Co+ZCi , M =0, 1, ... , N-1 (2.1-44)

A value of C0 = 2.39pF was chosen in order to give an upper frequency limit of approxi-
mately 2MHz at the maximum value of gm( 431 S). A value of N=20 was chosen in order
to allow a tuning range of one decade (fmax = (1.13) 2°f m in C 10f m n).

A block diagram of the programmable capacitor array is shown in Fig. 2.1-12. The
array is programmed by a 5-bit digital word which is provided by the system bus, stored
in a 5-bit latch, and decoded by the cap-predecode and cap-decode logic. The resulting
38 control lines (19 switch control signals and their complements) drive the 19 analog
switches in a manner such that for the Mth state the first M switches are closed while the
remaining switches are open. Note that C, is always connected.

In the capacitor array of DCASP-1, the effect of parasitics was not accounted for.
There are three parasitic capacitances of concern; these are indicated in Fig. 2.1-13. All
three of these are diffusion capacitances; they are the capacitances which result from the
reverse biasing of the p-n junction formed by the diffused region and the bulk. One such
parasitic capacitance is present at the output of .ach OTA. A second parasitic appears at
the input (the OTA side) of each analog switch. The third is the parasiti- capacitance at
the output (the capacitor side) of each analog switch. This last is of concern only when a
switch is closed, while the other two parasitics are always present.

Approximate values of these parasitic capacitances have been calculated and are listed
in Table 2.1-6. All of these parasitics may be considered as connected in parallel with the
capacitors of the array. Because these were not accounted for in the array of DCASP-1, the
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Fig. 2.1-12: Capacitor Array Block Diagram
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Fig. 2.1-13: Parasitic Capacitances Associated with Programmable Capacitor Array
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Table 2.1-6: Estimates of parasitic capacitances affecting programmable capacitor
array

p-Type Diffusion n-Type Liffusion Total Diffusion
Description Capacitance (fF) Capacitance (fF) Capacitance fF

OTA Output 186.4 216.0 402.4

* Analog Switch Input 25.69 21.06 46.75

Analog Switch Output 25.69 21.06 46.75
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maximum attainable frequency was lower than anticipated, while the minimum attainable
bandwidth was higher.

The parasitics were accounted for in DCASP-2 by subtracting the appropriate value
from the desired value of capacitance. The parasitic capacitance of 1.9O9pF due to "2.5"
OTA's and 19 analog switch inputs is always present; subtracting from the desired ever-
present 2.39pF leaves a value of 0.48pF to be implemented as C0 . (Note: The biquad
contains two capacitor arrays, one of which is connected to two OTA outputs, while the
other is connected to three OTA outputs. In DCASP-2, rather than making two differ-
ent arrays, one based on two OTA outputs and one based on three OTA outputs, both
arrays were made identical, and the parasitic capacitance of 1.909pF was based on an
assumed load equivalent to that of "2.5 OTA" outputs. It follows that the actual range of
capacitance will differ from the designed range by approximately 0.5 times the parasitic
capacitance of one OTA output; this is deemed acceptable). For capacitors C1 - C19, only
the parasitic capacitance of 46.8fF due to one analog switch output must be subtracted.
Table 2.1-7 lists the capacitor values and sizes implemented in the array of DCASP-2,
along with the values which were implemented in DCASP-1.

It should be noted that p-n junction capacitances are inherently non-linear. This
problem is alleviated to a large extent in DCASP-2 by making the p- and n- type diffusions
of the OTA equal-sized and the p- and n-type diffusions of the analog switches equal-
sized. The effect is shown in Fig. 2.2-17 and repeated as Fig. 2.1-14; the capacitance
due to a parallel combination of equal size p- and n-type diffusions is clearly more nearly
constant than the capacitance due to either the p-type or the n-type diffusion alone. (See
Sec. 2.2.2.3a for a further explanation of the diffusion capacitor nonlinearities.)

The presence of parasitic capacitances other than the three discussed previously should
also be noted. For example, some parasitic capacitance exists due to the metal intercon-
nections between the OTAs and capacitor array. Also, in addition to the bottom plate of
capacitors C1 - C19 being connected to the 19 analog switches discussed previously, the
top plates of all capacitors are connected to two analog switches which help determine the
filter type (see Fig. 2.1-2: Biquad Block Diagram); each switch contributes a parasitic
capacitance. A parasitic capacitance also exists from the bottom plates of the capacitors
C0 - C19 to the bulk, but this is negligible since the bottom plates are connected to a
low impedance node. These parasitic capacitances were not accounted for in the array of
DCASP-2.

This problem of parasitic capacitance is one of the reasons for considering eliminating
the capacitor array, using instead a fixed capacitor and performing the coarse tune by
using only the coarse g.. control of the OTAs (see Section 2.1.2.1). This will eliminate the
parasitics due to the analog switches; however, the additional output stages increase the
parasitic capacitances due to the OTAs. The best structure to minimize the impact of the
parasitic capacitors remains to be determined.

If the programmable capacitor array is found to be necessary or desirable in future
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Table 2.1-7: Capacitor values implemented in the programmable capacitor arrays of
DCASP-1 and DCASP-2. Assume 0.46fF/142 .

DCASP-1 DCASP-2 DCASP-2
Capacitor Value Capacitor Value Capacitor

N CN(pF) CN(pF) Area (As2)

0 2.39 0.48 1046
1 0.31 0.26 5.65
2 0.35 0.30 652
3 0.40 0.35 761
4 0.45 0.40 870
5 0.51 0.46 1000
6 0.57 0.52 1130
7 0.65 0.60 1304

* 8 0.73 0.68 1478
9 0.83 0.78 1696
10 0.93 0.88 1913
11 1.05 1.00 2174
12 1.19 1.14 2478
13 1.35 1.30 2826
14 1.52 1.47 3196
15 1.72 1.67 3630
16 1.94 1.89 4109
17 2.20 2.15 4674

* 18 2.48 2.43 5283
19 2.80 2.75 5978
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designs, alternative implementations may be considered. Two such implementations are
* discussed below.

First, consider the possibility of using capacitances which vary by factors of 1.618,
i.e.,

C1 = Co(1.618) i = 0, 1,..., N - 1 (2.1-45)

Note the similarity to the coarse gm control discussed in a previous section. This should
offer improvements in resolution over what is obtainable with the present structure. To
maintain the desired frequency range of one decade, four capacitors must be fabricated,

* Co = C, = 2.39pF

C, = Co(1.618) = 3.867pF

C 3 = Co1.618) 3 - 10.124pF

C5 = C,(1.618)5 = 26.5OpF

where C, represents a unit capacitance which is assumed to be 2.39pF. The capacitances
C 2 = Co(1.618) 2 = Co + Cl, C 4 = Co(1.618) 4 = Co + CI + C3 and C6 = C,(1.618)6 =

C0 + C, + C3 + Cs may be realized by switching on combinations of the four capacitors,
* just as was described for the coarse g, control of the OTA. A total capacitance of 42.88pF

is required to realize these four capacitors with the 2.34 pf unit capacitance. The actual
range (C6 /Co) is 17.94, which is somewhat larger than one decade.

The advantages of this technique are that the number of capacitors, the size and
0 complexity of the digital logic circuitry, and the parasitic capacitance due to the analog

switches (since fewer switches are used), are all reduced. This technique assumes, however,
that the fine gm control provides an adjustment by a factor greater than 61.8%, in order
that there be no gaps in the attainable values of the ratio gm/C.

• A second possible implementation of the programmable capacitor array would have

Ci < 1.13Ci-i (2.1 - 47)

Seven capacitors may be fabricated,

C, = 2.39pF

C, = (1.13)C,, = 2.7OpF

C2 = (1.13)CI = 3.05pF

• C3 = (1.13)C 2 = 3.JdpF (2.1 - 48)

C4 = (1.13)C 3 = 3.89pF

Cs = (1.13)C 4 = 4.4OpF

C6 = (1.13)Cs = 4.97pF
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The remaining values of capacitance necessary to attain the desired frequency range of
one decade may be realized by switching on combinations of these seven capacitors. For
example, the frequency range covered by a capacitance of (1.13)"Co = 8.113pF could
certainly be covered by capacitances of C3 + C5 = 7.84pF and C4 + C5 = 8.29pF. While
the corresponding frequencies would no longer be uniform on a logarithmic scale, the
desired range of frequencies would still be adequately covered.

This second alternate implementation has, like the first, reduced complexity and re-
duced parasitic capacitance relative to the array of DCASP-2. This second implementation
may also be superior for factors other than 1.13 in (2.1-47).

Table 2.1-8 provides a brief summary and comparison of the two alternate pro-
grammable capacitor array implementations and the array of DCASP-2.

2.1.4 CMOS ANALOG BUFFER

An analog buffer is needed to interface each biquadratic filter with the response and ex-
citation busses since the OTA integrators used in the filters exhibit high output impedance.
This buffer must have the ability to drive a capacitive load while exhibiting unity gain,
good frequency response and high input-output linearity. Fig. 2.1-15 shows a circuit di-
agram of the buffer employed here. The circuit uses a simple differential pair, M1 , M2 ,
followed by a Wilson current mirror, M3 - M6 having a gain m. Overall negative feed-
back is applied from the output to one of the differential inputs to provide a closed-loop
gain that is close to unity and highly linear. The feedback also results in a low output
impedance approximately equal to 1/(mgmi), where gi is the transconductance of the
input pair. For the buffer implemented here, a value of m = 5 was used. The remaining
devices are used to generate the proper input and output bias currents from the biasing
voltage VB. Device sizing information is given in Table 2.1-9.

Fig. 2.1-16 shows the simulated input-output transfer characteristic of the proposed
buffer. A plot of the nonlinearity in this characteristic is shown in Fig. 2.1-17. It is
evident from these figures that the buffer exhibits good linearity for input voltages within
±2.5V (which includes the linear range of the OTAs). For positive input voltages the
output saturates at approximately +3V due to the two gate-source potential drops across
the output mirror devices. For negative input voltages below -3V, the tail current devices
M 12 and M 13 begin to turn off, which in turn causes the output mirror to turn off. This
results in the sudden dip in the output voltage evident in Fig. 2.1-16. The simulated
frequency response of the buffer is shown in Fig. 2.1-18 for a load capacitance of 10 pF.
This plot indicates a 3-dB cutoff frequency of approximately 14 MHz. At low frequencies,
the simulated buffer exhibits a gain of 0.995 and an output resistance of 1.3kil.
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Table 2.1-8: Comparison of Programmable Capacitor Array Implementations.

Capacitance Range # Analog Parasitic Switch
Description #Capacitors* (pF) Switches Capacitance (pF)

Ci = (1.618)1 4 2.39-42.88 4 0.187

C, 1.13C- 1  7 2.39-24.53 7 0.327

Ci 1.13Ci- 1  20 2.39-24.37 19 0.888

(DCASP-2)

* This is the number of capacitors required to allow a coarse tune of the frequency by at

least one decade with no gaps (in the geometric sense) in the attainable frequencies.
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Fig. 2.1-15: Analog CMOS buffer.
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Table 2.1-9: Device sizing for the buffer of Fig. 2.1-15.

DEVICE SIZE
______________________________ (m icrons)

* Iw
M1-M2 50 3
M3-M4 60 3
MS-M6 300 3
M7-M3 60 3

*M9 4 40
M10 40 3
M11-M12 60 3
M13-M14 1150 3
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2.2 Performance Measurement System

Because the DCASP architecture is dependent upon a tuning mechanism to meet sys-
tem specifications in the presence of global and statistical IC process parameter variation,
the overall attainable accuracy of this system is limited by the accuracy of the performance
measurement or characterization system. The hardware focal point of the performance
measurement system is the performance detector of the general DCASP architecture of
Fig. 1.2-1. In addition to the performance measurement system is the interface between
the analog Controlled Signal Processor (CSP) or filter and the tuning algorithm, as shown
in Fig. 2.2-1. The role of the Performance Detector is to act as a slave to the tuning
host (termed Digital Controller in Fig. 1.2-1) by providing this system with the requested
measurement results. These results may range from transfer function frequency responses
depicted as an array of discrete gain and phase measurements, to higher-level system
specifications, such as center frequency, bandwidth, ripple, maximum gain, Q, and/or 3dB
points.

The physical measurement consists of generating an analog excitation(s) (e.g., sinu-
soidal voltage source) as an input to the CSP and then recording both the excitation and
corresponding response from the CSP. This excitation system is typically a programmable
function generator, in which both the amplitude and frequency of the input waveform can
be controlled from a digital interface. Because the actual excitation may differ from the
desired excitation, this signal must be supplied to the Performance Detector hardware for
characterization along with the response signal, as shown in Fig. 2.2-2. Both the excitation
hardware and Performance Detector are controlled by a central performance measurement
controller, which comprises a portion of the Digital Controller of the DCASP structure.

The performance measurement system can be conveniently broken into two parts,

(1) Data Collector.

The Data Collector is responsible for making electrical measurements. These may
include measuring gain and/or phase of the system transfer function at a discrete
number of frequencies.

(2) Data Interpreter.

The data interpreter is responsible for the interpretation of the data measurement
results into system level specifications such as center frequency (wo), maximum gain
(Hma,), bandwidth (BW), Q, and/or 3dB points.

A discussion of data interpretation is presented next followed by a discussion of data
collection hardware.
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2.2.1 Data Interpretation

In each step of the performance measurement process, (collection and interpretation)
the accuracy of the input data must be known and the corresponding accuracy of the
results must be computed and/or an error budget bounding the worst-case resultant error
must be evaluated. The tuning algorithm depends upon accurate and consistent data.

In this section an algorithm for computing the gain and phase response from discrete
time samples will be discussed. This will be followed by an investigation of a SPLINE
fitting algorithm which is used to interpret measurement data and give good estimates
of system transfer function characterization parameters such as peak gains, band edges
and bandwidths. These discussions will be restricted to a system transfer function which
closely approximates a standard second--order bandpass characteristic.

2.2.1.1 Discrete Time Sampling Algorithm

There are many different approaches for characterizing the frequency response of an
unknown system transfer function, T(a). These include peak detector rructures, rms inte-
grator structures and instantaneous sampling techniques. One of the most straight forward
and common methods of gathering data involves using a high speed sample and hold to
"grab" the data followed by a lower frequency analog to digital converter which is used to
convert the sampled data to a digital representation of the signal amplitude. A method
of obtaining the magnitude and phase of a system transfer function based solely upon a
finite number of time domain samples of the input and output is discussed in this section.
This technique relies on the post-processing of the digitized instantaneous time-domain
voltage samples to obtain a single gain and phase measurement at a specific frequency. It
will be initially assumed that the input and output waveforms are distortionless sinusoids
of known frequency and that the system is operating in the sinusoidal steady state. If the
frequency is not known, it will need to be determined independently either with the aid of
the necessary hardware (e.g., frequency counter) or software. Since the reference frequency
is assumed available, an accurate determination of the frequency of the excitation should
not prove difficult.

A major -problem to address in a time-domain based algorithm is the timing jitter
involved in takin3 precise time-domain measurements of high-frequency signals at exact
specific time instances. This timing-jitter problem can be quantitized by doing a simple
worst-case sensitivity analysis of a sinusoidal waveform, v(t) as a function of the timing-
jitter, At. For the signal, v(t) = Vm sin(wt), it can be readily shown that the worst-case
normalized deviation of an instantaneous value of v(t) from its actual value satisfies the
inequality

Av(t) < wAt V t , (2.? -

Vm

where
Avd(t,) v (ti) - v (t + At) I and w 4ef 21rf. (2.2 - 1b)
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The impact of this problem is quantitized in Table 2.2-1. Even for relatively low freq lency
applicatio:s, the maximum acceptable timing jitter-for 1% accuracy in function measure-
ment is under 2qsec. In a 3 $ CMOS process, gate delays, which are the major source of
the timing jitter, are typically in the range of 5 - 10Ts. This makes sampling at precise
instances of time extremely challenging.

The following time-domain sampling algorithm minimizes the effects of the timing-
jitter problem by restricting the sampling technique to simultaneous sampling of the input
and output waveforms at random time intervals, thus reducing the problem to timing-jitter
induced by processing mismatches or voltage dependence between two identical sample and
hold circuits controlled by a common trigger signal. A description of this algorithm follows.

Consider a linear system with a sinusoidal excitation,

vi(t) - V, sin(wt) (2.2 - 2a)

The system response is of the form

vo(t) = Vo,,1 sin(wt + 6) = Vo, [sin(wt) cos 6 + cos(wt) sin 61 (2.2 - 2b)

where 0 is the phase shift of the output relative to the excitation and Vom is the amplitude
of the output sinusoid. Eliminating w and the absolute time dependence, t, from the two
above equations by solving simultaneously for the wt product yields the expression

vo(t) = I--"vi(t)cos 0 + V 2 - vi(t)2 sin 0] (2.2-3)
Vi.'

where vo(t) and vi(t) art, he input and output samples which are simultaneously measured
at time t. There are three unknowns in this expression; the maximum input and output
amptitudes (Vi,,, Vo,,), and the phase (0). Equivalently, the parameters Vi,,, gain (H =
.€m), and 0 can be considered as the unknown parameters. Thus, if 3 independent samples

are taken in the time domain at a fixed frequency, the resulting 3 nonlinear equations can
be simultaneously solved for the gain (H), phase (0), and input signal amplitude (Vim).
A solution of these three simultaneous equations for H and 0 is given in (2.2-4). The
expression for Vim is not given because it is not of interest at this point.

H /koo(S,2)koi(2,1) - koo(2,1)k,(3,2) (2.2 - 4a)
V ki(2, 1)koi(3,2) - kii(,2)koi(2,1)

Cosa = H 2ki,(3,2) + koo(3,2) (2.2- 4b)

2koi(3, 2)H

where,

k.(n,m) = l. 2 Vi. 2

k0i(n,m) = Vo, vi, -VOmhVi"

koo(n,m) =VO 2 _ ,o 2 (2.2 -4c)
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Table 2.2-1. Timing-Jitter effects on sampling high-frequency sinusoidal waveforms.

f A(d at f A~i t

2MHz 1% 1.61j.9 5MHz 1% 4p

2MHz .5% 800p.9 5MHz .5% 32Ops

2MHz .2% 32Ops 5MHz .2% 13 0PS

2MHz .1% 160ps 5MHz .1% 64;is
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and where vi = v1(ts), d.f vo(t.) for independent time instances, tj, t2, and t3.
From (2.2-4) it is apparent that the magnitude and phase of T(a) can be readily determined
with a modest amount of post-processing entirely from the measured input and output
amplitudes at three randomly spaced points in time.

The key assumptions in the above formulation are repeated below.

(1) The input signal is an undistorted sinusoid which is stable in frequency, amplitude,
and phase.

(2) The system has reached steady-state and the output signal is undistorted and offset
free.

(3) Input and output signals are sampled simultaneously.

(4) The Performance Detector (amplitude measurement circuit) is of infinite precision
and accuracy.

(5) The samples ti, t 2 and t3 are independent in the sense that the three equations of
the form of (2.2-3) are independent equations.

In actuality, the performance measurement system will not be ideal and minor viola-
tion of all five key assumptions can be expected. It is important that the errors induced
by these effects be quantitized and bounded.

Item (1) and (2) above can be handled by incorporating these nonidealities, such as
DC offsets, harmonic distortion, slewing, etc. into the overall system model, at the expense
of requiring additional samples and increased computational complexity. The inaccuracies
of item (4) above, may very well require modeling and characterization of the Performance
Detector's nonidealities, such as voltage dependent nonlinearities. If the independence of
temporal samples is difficult to guarantee, oversampling and smoothing techniques can be
used. Additional simulations of the affects of these nonidealities are under investigation;
however, it is not anticipated that these affects will be too problematic.

2.2.1.2 Functional Filter Parameter Determination

In the previous section, an algorithm and architecture was proposed for collecting a se-
ries of discrete data points relating gain and phase measurements to a measured excitation
frequency. Motivated by the tuning algorithm, this set of data needs to be interpreted or
related to the functional design parameters of the filter being characterized and tuned. In
this section, the interpretation problem will be properly formulated, and several potential
solutions presented.
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2.2.1.2a Problem formulation.

0 Assume a set of gain measurements representing points the frequency response of an
unknown system transfer function, TACT(S) I.=,_ has been obtained. For example, these

frequencies may be (H(w,) d4 f ITMEAs(1Ws)J, for i = 1,2,...n), where wi represents
a series of discrete frequencies and TMEAs denotes the measured value of the transfer

* function TACT(S) of s = jwi. Assume further that we wish to extract information about
TACT, such as pole Q, peak gain (Hints:), bandwidth (BW), center frequency (w.), ripple,
3dB points, etc., from the measured data points that would normally characterize the
performance of that particular filter.

0 Several factors make the determination of the characterizing performance parameters
non-trivial. First, only a finite set cf measured data points is usually available and even this
set may be small. The characterization parameters of interest are often not the measured
data points nor some simple function of the data points. Furthermore, there are usually
measurement errors associated with the measured data points.

The characterization of a network for the purpose of satisfying an existing need can
often be made in more than one way resulting in differing characterization parameters.
Some characterizations may make the determination of these ?arameters much easier than
others.

One obvious approach to the problem is to use the measured data points to obtain
a rational fraction approximation, T(s), of TACT(S). This is motivated by the fact that
T4CT(S) is, itself, assumed to be a rational fraction providing potential for t(s) to be a
very good approximation of TACT(S). This is further motivated by the fact if the functional

* form of T(s) is known, then optimization algorithms such as a least squares curve fit may
be used for determining the values of the coefficients of i'(s) from the measured data points.
Once Y(s) is known, most characterization parameters of interest can be readily obtained
from T(s).

• This approach is complicated by two factors. First, since the exact functional form of
TACT(S) is unknown, a fit of the data of T(s) may result in a t(s) which differs considerably
from TACT(S). Second, optimization algorithms which fit data to rational fractions tend
to be computationally intense and tend to converge to local minimums which may differ
considerably from the global minimums. This is in contrast to algorithms which fit data

* to polynomials which are often well behaved.

The major purpose of the above approach was the determination of the rational frac-
tion T(s) from which the characterization parameters of interest could be readily deter-
mined. This determination will be made by a digital computer. Although the system ..self

• is actually characterized by the rational fraction, TACT(S), it is not the rational fraction
form of T(s) that makes the determination of the parameters of interest straightforward
but rather the continuity of T(s) which is inherent in any rational fraction. With the
realization that it is the continuity rather than the rational fraction nature of T(s) that
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is of interest, other approximations of TACT(S) or its magnitude or phase may also be
0 considered.

With these observations, the problem will be approached as follows

1. The performance characterization paramaters will be restricted to those parameters
which can be readily determined from ITAcT(jw)I. This includes such paramaters
as bandwidth, band edge, peak gain and resonant frequency but practically excludes
paramaters such as pole locations and pole Q.

2. A continuous approximation f(w) of ITACT(JM)I will be made based upon the sampled

data points.

3. The performance characterization parameters will be obtained from 1(w).

The restriction to magnitude functions is made primarily for notational convenience
and the fact that in most applications, the performance characterization parameters of

* interest are based upon ITAcT(jw)I. It is thought that inclusion of phase parameters will
not significantly complicate the above approach.

This can best be illustrated with an example, as follows:

* Example:

Consider a 2nd-order bandpass filter, characterized by the bandwidth (BW),
center frequency (wO), and the maximum gain (Am.), as defined below.

def
Amax = max TACT(.WI)

W

def(22 5
Bo --- I~dB - W3dB,

For this system the extraction procedure would be as follows:

(1) collect a series of gain measurements from the performance detector hard-
* ware, as depicted in Fig. 2.2-3a;

(2) fit a function,ft(w), or curve to these data points, as shown in Fig. 2.2-3b;

(3) locate Amax, comp,!te Amaz - 3dB and locate the 3dB points of the filter's
frequency response, as shown in Fig. 2.2-3c.

This simple example illustrates the basic steps involved in characterizing a
filter's observable design parameters. The real problem is much more compli-
cated than this: (1) the curve fitting algorithm must tolerate quantization effects
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and measurement errors associated with the performance detector, and slight
variation in the number of data points in the puisband and/or their locations;
(2) both the extraction and tuning algorithm must tolerate and/or model curves
with multiple inflection points as found in higher-ordered systems, as shown in
Fig. 2.2-3d.

Since there are many different types of filter responses (e.g., bandpass, lowpass,
lowpass-notch, etc.) with each type of filter having its own set of typical design clas-
sification parameters, the scope of the problem is large. At this stage, the problem shall
be limited to the bandpass filters realizable by DCASP-2, which are ideally second-order.
Besides limiting the class of filters and the range of possible Q and w0 , it also limits the
effects of the parasitic over-ordering to systems that are predominately 2nd-order. More
specifically, this guarantees that the parasitic poles and zeros are well beyond the pass-
band of the bandpass filter. This simplifies step (3) of the extraction process (listed above).
Higher-order filters will be investigated at a future date.

With the scope of the problem restricted and the extraction approach specified, the
remainder of the problem formulation is the determination of a good method for obtaining
the continuous fitting function fl(w). Both accuracy and computational efficiency will be
considered when addressing this problem.

Figures of merit for evaluating each of the algorithms, are the worst-case percent
deviation between the computed w,, and BW, and their actual values. These deviations
will be considered for the complete gambit of 2nd-order bandpass filters realizable by
DCASP-2. The number and location of the sample data points required for good accuracy
will also be considered as will the time required for the curve fitting.

A system model will now be developed which can be used to simulate the performance
of different curve fitting algorithms. This model will approximate the actual model of the
Biquads in DCASP-2.

High-Order Biquad model.:

The ideal transfer function for Ihe DCASP-2 Biquad of Fig. 2,1-2 when conigured
to realize the bandpass transfer function (see equivalent circuit of Fig. 2.2-3') has been
previously reported and is given by (2.2-6).

8!

TIDEAL(3) C *2 + -s + fr-- ' (2.2-6)

which can be expressed in normalized form by the equation

TIDEAL(S) (2.2-7)
s2 ass + a2a3
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where it is assumed that the capacitors CS and C7 are equal, C6 = C7 = C and where
the Laplace Transform variable a is actually the normalized Laplace Transform Variable
an obtained from the normalization

n= -C (2.2-8)
g-.

* The paramater gm is a normalization paramater with units conductance and the a param-

eters in (2.2-6) are defined by

g- i = 2, 3, 4 and5 (2.2-9)gm

The subscript on 3 has no. been used in (2.2-7) to reduce notational complexity in what
is to follow.

From these equations several ideal characteristic filter parameters which are often of
* interest can be computed as follows.

Wo = C o2m C/ 3 (2.2- 10a)

BW =i- o rm (2.2 - 10b)
C

Q = (2.2- 10c)Q=BW

*W3dB= -BW + 4w2 - BW2 (2.2 - 10d)2

+BW + V4w2 - BW2
W dB2 = 2 (2.2 - 10c)

* where wo is the frequency where the gain peaks, BW is the 3dB bandwidth, Q is the pole
Q and W3dB, and w3dB2 are the two frequencies where the gain is down 3dB from its peak
value. The equations for W3dB, and w3dB, satisfy the expressions,

W3dB1 W3dB 2 = o (2.2 - 11a)

W3dB 2 - W3dBj = BW (2.2 - 11b)

Now that we have developed the ideal transfer function, we can extend our model
by including the dominant parasitic effects. These are the finite output impedance of the

* OTA and the high frequency roll off of the gain of the OTA. The finite output impedance
of the th OTA can be modeled by an output conductance, goi as shown in Fig. 2.2-4.
Typically, 100 < 9 < 300. Ideally goi = 0921
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A single pole model for the OTA is useful for modeling the high frequency roll-off of
the device and is characterized by the equation

gm()= gmo.

9' )- + a 1(2.2-12)
Wp.

where g,., is the low frequency transconductance gain and the wp, term is the pole fre-
quency. Typically, 10 < E < 20, and ideally wpj = 00. 4

Applying these models to the biquadratic circuit, a model of the transfer function
of the circuit which includes the major parasitics is, in normalized form, given by the
expression

ao4 s + (a2s 2 + ais + ao) (2.2-13)
TM(s) - s 2 + ao5 s + a02a03 + (b4s34 + b3s 3 + b2s2 + bls + bo)

where it is assumed that wp, = Wp2 = WP3 = wp, = wp and where s is the same normaliza-
tion parameter as used in (2.2-8). The parameters a02, a03 , C0 4 and ao5 are as in (2.2-9)
with gin, replaced with gmo,. In this model, parasitics are included in the polynomials
involving the "a"and "b" coefficients. If we define the normalized output conductances
and parasitic pole frequencies by the expressions

1o 9 = - (2.2- 14)

and

wp = wp- (2.2 - 15)

then the a and b coefficients in (2.2-13) are given by

o -- 0204CN

t0 4 002

Wpn
Cfo 4  (2.2 -16)a2 = -- 22 6
Wpn

bo = 002aO5 + 02 (03 + /04 + 01o5)

bl =/02+ #03+4004 +S+ o 02-(aos +2[03 + P4 + 9 51)
wpn

b2 = aos + - (02 + 003 + 004 + 06) + #02 (o03 + 04+13-o)

2 (02 + 03 + 04 +005

Wpn pn

= 1 (2.2- 17)
wpn

Ideally all "a" and "b" coefficients are zero.
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2.2.1.2b Functional filter parameter Interpolation algorithms.

There are many interpolation or curve fitting algorithms for fitting a continuous func-
tion to a discrete set of data points available in the literature utilizing many different
approximating functions. Some of these functions are as follows:

o polynomial: p(z) = F size;
o spline or piece-wise polynomial - distinct polynomials approximating the func-

tion on adjacent intervals;
o rational fraction, a ratio of two polynomials p,(z)/Pm(z);
o Chebyshev series,
o and many others (fourier series, exponentials, etc.).117,18]

There are also many different interpolation algorithms, such as

o least squares approximation, 0
o Lagrange interpolating polynomial,
o Newton interpolating polynomial,
o Aitken linear interpolation method
o Gregory-Newton interpolation,
o cubic spline interpolation, etc.[17

Basically, the interpolation algorithm uses a specific approximation function (e.g.,
nth-order polynomial function), with a specialized criterion for determining the so called
"best fit". These two aspects differentiate one algorithm from another. Our goal here is
to find the algorithm and approximation function that "best fits" our specific application
(i.e., 2nd-order Biquads with both high and low Q).

If an approximation of the magnitude of TACT(S) is of interest, a polynomial fit of
the measured data in terms of the parameter w is one of the most obvious app-oaches.
Unfortunately, simulations have shown that polynomial fits of reasonably low order with
a reasonably small number of sample points do a poor job of approximating a rational
fraction over a very large range of w values. These simulations also show that low-order
polynomial fits with a small number of sample points do, however, fit rational fractions very
well over a small (local) range of w values. A discussion of several curve fitting functions
and algorithms follows.

All are collocation algorithms in which the paramaters which characterize a particular
junction type are selected so that the sample points and approximating functions agree at
the sample points. In all cases the number of sample points is the same as the number
of paramaters in the characterizing function. Algorithms in which the number of data
points exceed the number of paramaters are under investigated but are not reported at
this time. These latter algorithms are less sensitive to measurement errors in the data
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and may also be useful in eliminating some of the local variations that are inherent in
collocation approaches when the functional form of the model which is used for fitting
differs from the actual system from which the data was gathered.

Rational-Fraction curve fitting algorithm based upon Newton-Raphson:

Two types of rational fraction fitting to measured data deserve consideration. Since
it is assumed that the actual system is linear, it has a transfer function of the form

TACT(S) - i0 (2.2- 18)

i--0

A rational fraction fit in the s-variable is motivated by the fact that if the approximating
function were to have an rth--order numerator polynomial and an nth-order polynomial,
and if there were no measurement or fitting errors, then for the appropriate coefficients,
the approximating function would be identical to TACT (8) for all frequencies.

This approach is complicated by three primary factors. First, m and n are often un-
known or are sufficiently large to make determination of the m + n coefficients impractical.
Second, measurements are generally real rather than complex numbers. Consequently, we

0 may have measurements about ITAcT(jw)I at the sample points but not of TACT(jw).
Although we could take the magnitude of TACT (jw) to obtain a fit to the resulting magni-
tude function, the inverse mapping needed to obtain TACT(S) is non-unique and possibly
nonexistent. Third, the set of equations which must be solved to obtain the a and b co-
efficients in the approximating function is nonlinear and the solution is computationally
intense.

A second type of rational fraction fit involves fitting a rational fraction in the param-
eter w to the sampled data points. Generally, there is no inverse mapping to a rational
fraction in the s-domain which will agree in the magnitude sense with the approximat-

* ing function itself. Thus, this approach generally guarantees that the fit to the actual
function will not be perfect. This approach is motivated, however, by the fact that these
approximations may be easier to make and by our conjecture that due to the fact that the
inherent shape of most system transfer function looks more like that of a rational fraction
in the w domain rather than a polynomial in the w domain, considerably fewer coefficients

* will be needed to obtain a good rational fraction fit than will be needed to obtain a good
polynomial fit.

Mathematically, consider a system which can be modelled by a rational fraction of
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0

the form

N(w 
aiw

= (w) = (2.2- 19)

j=0

where some subset of ai and bi may a prior be defined to be zero and any one of the
non-zero coefficients may be arbitrarily assigned any non-zero value. Thus for a sys-

tem approximated by n + 1 non-zero and n unknown coefficients and characterized by

n independent gain measurements (A (wk), for k - 1,2,... n), there exist n independent
non-linear equations

H(wk)- fl(wk) =0 for k =1,2,...n (2.2- 19a)

A closed form solution of this nth-order non-linear system is not readily obtainable. A
more standard ap-roach is to use the modified Newton-Raphson numerical technique to
find the roots of this set of equations.

Our system of non-linear equations can be expressed as

fk(x) =0for k =1,2,...n, (2.2-20)

or yet simpler f
f~x) = 0, (2.2 - 21)

where fk (x) tf H(wk) -H(wk) for k = 1, 2,... n, and x denotes the vector containing n-+ I
transfer function coefficients, a, a2 ,... am, and bl, b2, .... bt that are non-zero. We wish to
solve this system of equations for x, the vector of unknown transfer function coefficients.

The modified Newton-Raphson technique involves approximating this non-linear sys-
tem with a 1st-order truncated Taylor series expansion. A standard LU decomposition of
the resultant linear system is then used. A discussion of this technique follows:

(1) Make an estimate of z, termed z( I). A good choice of the first iteration value of z 0
would be the design or expected value of z.

(2) Compute f(x(1)) and the n x n Jacobean matrix (6f(x(1))), defined as

6z,

(3) Solve the linear system, f(x( 1))bx = -f(x( 1)), for 6x, which represents an estimate
in the error in x( ').

(4) Make a new estimate of x, x(2 ), from the expression

X( 2) = x ( ) + 6x.
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(5) Repeat, steps (2) through (4) as often as necessary with the latest estimates of the
transfer function coefficients, until incremental changes in the coefficients is below a
certain value which has been a priori agreed upon to determine convergence and thus
deemed converged.

This technique has not been fully evaluated at this time, but it is suspected that this
algorithm would be highly sensitive to both measurement errors in Wk and H(wk), and
the specific values of wit. If the system is not well characterized by the proposed rational
fraction model, then differences between the actual and approximating function may differ
significantly away from the sample points or the algorithm may actually diverge.

* Polynomial Approximation via Collocation:

The polynomial approximation technique based upon collocation at the sample points
is a common and obvious approach to try. The technique requires forcing an ntth-order
polynomial (ff(w)) to pass through each discrete data point, (Wi, ft(w.)), for i = 1,2,... n.

0 This constraint implies that there exists one and only one polynomial, H(w), that meets
these requirements. There are three common methods for computing this polynomial:
Lagrange, Newton divided-differences, and the Aitken linear interpolation method. Each
of these methods gives the same results though presented in a different form. The primary
difference between these techniques is the computation Jl time required and the associated

0 round-off error. This aspect of the algorithm will not be discussed.

The resulting interpolating polynomial independent of the computational algorithm
is shown below in eq. (2.2-22).

nn

HO f(W) w i-wi (2.2-22)
-i -

0 This polynomial interpolation algorithm was applied to the bandpass filter interpre-
tation problem, in an attempt to estimate the location of the passband edges (w3dB , and
W3dB 2 ).

Simulation was performed on four different ideal 2nd-order bandpass filters with Qs of
1.875, 2.5, 3.75 and 7.5. In all cases, a 9th-order polynomial (n = 10) was passed through

* 10 sample points distributed rather uniformly about the resonant frequency. The results
are depicted in Fig. 2.2-5.

The results show that this approach requires little computation and yields fairly good
results for filters with low Q's. Definite difficulties were present outside the passband,

• where the polynomial could not handle the change in concavity without swinging dramat-
ically below and above the theoretical curve, in sort of a ringing effect. This is a limitation
of this approximating function. Also, at higher Q's the polynomial function had difficul-
ties tracking the sharp transition region near the peak (well within the passband). The
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problem stems from high Q filters (poles are near the jw-axis), exhibiting a sharp peak.
This is non-characteristic of polynomials and hence non-characteristic of the polynomial
approximating function.

The problem could be addressed by collecting more points in the passband, but it
is suspected that other approximating functions and possibly other algorithms would be
better suited for this type of curve fitting probl ei which is characterized by fast transitions
in the passband and slow changing concavity in the stop-band.

The polynomial fit does, however, appear to fit the data very well locally even though
the fit over a wide domain is not too good. This motivates investigating the use of Spline
functions in which the approximations are piecewise polynomial.

Spline interpolation approximation:

A spline fit of the second-order bandpass function based upon using 5 segments
(4 knots) and 3rd-order polynomials is shown in Fig. 2.2-6. Only 6 sample points were
used in this simulation. The spline functions avoid the need for high-order interpolat-
ing polynomials and minimize the ringing or oscillating effects associated with high-order
polynomial approximations. In this section, we will mathematically describe the spline
function, and present four spline based solutions to the interpolation problem.

Mathematical concept of spline function.

The spline function is an extension of the piece-wise linear function in that it pieces
together low-order polynomial functions over a series of contiguous sub-intervals. The
basic nature of the spline function is to gua-antee both continuity and smoothness at each
of the sub-interval intersections, termed "knots".

Mathematically: given n data points, (wi, ft (w)) for i = 1, 2,... n, there exists (n - 1)
intervals that we desire (n- i) mth-order interpolating polynomial functions (pi.) (w) for
w E [Wj,'C+ 1] and j = 1,2,... n - 1) to provide the "best fit" possible. Thus the resulting
interpolation function (H(w)) would be defined as follows:

p(M) (w) for w E [W,w 2 1];

* H(w) def P2m)(w) for w E [w2 , W]; (2.2- 23)

- pn'_)(w) for w E [w-1,Wn].

where pm) (w) has the functional form

m
= wi. (2.2 -24)

5=O
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The term "best fit" mentioned above, refers to a "smooth" continuous curve. Various
levels of smoothness at the knots can be required. For example, the definition of a cubic
spline [191 which requires agreement in function, first derivative and second derivative is
given below.

(1) The function, F(w) must be continuous at each of the kn.-ts:

p*)(w+,) = p (w+j) for i= 1,2,...n- 1.

(2) The slope of the function, H'(w) must be continuous at each knot:
p(m)(wi+I) = p+(m)(wi+ 1 ) for i= 1,2,...n- 1.

(3) The curvature of the function, H"(w) must be continuous at each knot:
p') (wi+ 1) = p" I (m) (wi+ 1) for i = 1'2,....n - 1.
Pt 1Pi+ 9

(4) The curvature of H(w) must also be minimized by minimizing the order m
of the interpolating polynomial segments. This should prevent ringing or
oscillating, as the regular polynomial fit exhibited.

Thus, the order of the interpolating polynomials must be of degree 3 (i.e., m = 3).
The functions are commonly ,eferred to as a cubic spline. This results in H"(w) functions.
Now H"(w) can be approximated via the Lagrange interpolation formula [19], along with
the associated integrals of H"(w), (i.e., H'(w) and H(w)). Now if we impose the constraint
that the first derivative must be continuous at each of the knots, we get a system of (n - 1)
linear equations as a function of the second derivative, H"(W) at each of the (n - 1) knots

0 and the 2 end-points. This results in a system of (n - 1) equations and (n + 1) unknowns.
The system becomes deterministic, if we assume that H"(wj) = 0 and H"(wn) = 0 -

commonly referred to as a natural spline. Now, the system can be expressed as a (n + 1)
order tridiagonal linear system and can be solved via a forward/backward substitution

* algorithm.

Now each of the second derivatives at each of the data points are known and the
problem can be localized to solving 4 equations as shown below for 4 unknowns (ai, for
j = 0,... 3) on each of the (n - 1) intervals, i, such that

* 1(Wi) = p,( 3 )(Ui) = ao, +a ,aw + a2 , +a 3,?
2 3

fr(w,+i) = p,(3)( +,) = ao, + aj,wj+j + a2, + + a3,i (i+ i+1(2.2 -25)
H(wi) = p"q(3)(Wi) = 2a2, + 6a3, W

* (wi1 +i) = P,'3 w+ = 2a21 + 6a3 wi+ 1

This briefly describes the basic steps involved in interpolating a cubic spline through

n data points. For more information, see pp. 130-4 of [17].

Four knot distribution methods.

The following is a discussion of four different spline approximation methods, each using
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a different selection criterion for selecting the frequencies (w's) that the experimental data
points are taken. All use the cubic spline. 0

(1) Equally spaced knot method - this method has equally spaced knots on the linear
normalized frequency axis and is the obvious approach when no a priori information
is known abou. the actual transfer function. The corresponding steps required to
obtain the estimates of the filter's observable parameters (wo, WdB, and W3dB 2 ) can S
be stated as follows:

i. collect equally spaced measurements of H(w) as a function of w;
ii. interpolate a spline function through this data; and

iii. estimate the filter parameters. 0

(2) One additional knot method - As the example of Section 2.2.1.2a, obtaining a good
estimate of W3dB , W3dB , is dependent upon accurately estimating Hmaz. This sug-
gests the collection of one additional data point at the estimated location of the peak
as estimated in item (1), above. Thus the resulting algorithm is as follows: •

i. execute the equally spaced procedure of item (1) above and obtain an estimate
of Wo;

ii. collect one additional data point near wo;
iii. interpolate a new spline function through this data; and 0
iv. re-estimate the filter parameters.

(3) Three additional knot method - Similar to the one additional knot method, this
technique adds three knots at the estimated location of w0,, W3dB, and W3dB 2 . This
technique is described as follows: •

i. execute the equally spaced procedure described above;
ii. collect three additional data point near w,, WtadB and W3dB 2 ;

iii. interpolate a new spline function through this data; and
iv. re-estimate the filter parameters. 0

(4) seven additional knot method - Similar to the two previous techniques, after obtain-
ing estimates of where the passband is located, we add three knots at Wo, W3dB1 and
W3dB 2 , two equally spaced knots between w3dB, and w., and two equally spaced knots
between w0, and W3dB 2 . Now, re-compute the spline function and estimate the filter
parameters, that is

i. execute the equally spaced procedure described above;
ii. collect seven additional data point as mentioned above;

iii. interpolate a new spline function through this data; and
iv. re-estimate the filter parameters.
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Simulation results.

An initial set of simulations were performed on the four algorithms described above
using the model of (2.2-13) for the actual system. In this simulation, 3dB cutoff frequency

* and Q' estimates were made from the spline functions which were fitted to the data points
and compared with the actual 3dB cutoff frequencies and Q1 values. Here Q' is defined to
be

QI _ 3dB 3dB 2

W3dB 2 - W3dB,

0 where w3dB, and W3dB 2 are the -3dB cutoff frequencies. Note that if the system were
bandpass and exactly of second order, then Q' is actually equal to the pole Q. For small
parasitics, Q' is close to the pole Q of the dominant pole pair. Actually, bandwidth is of
more iiterest in most applications than the pole Q of the dominant pole pair. Q' is simply
the reciprocal of the normalized bandwidth where the normalization factor is the center of
the passband defined as the geometric mean of the two 3dB cutoff frequencies. Note again
that in the ideal second-order bandpass case, the pole Q is also given by the expression

wo = i V3dB W3dB2

-W W3dB1 - W3dB 2

thus justifying our definition of Q'.

In these simulations, the parasitic affects were included by using typical values for
the a and b coefficients in (2.2-13). Specifically, two cases were considered. The actual
a and b coefficients used in these two cases are summarized in Table 2.2-3. These are of
the same functional form as (2.2-16) and (2.2-17). Additional simulations using the exact
forms given in (2.2-16) and (2.2-17) with accurate estimates for all parameters in these
equations will be made in the future although it is anticipated that the results will differ
little from those corresponding to the two cases listed in Table 2.2-3.

The results are summarized in Table 2.2-4 - Table 2.2-7. In these simulations, Q'
and the center frequency were varied throughout the adjustment domain. The results were
then sorted by Q' into four classes defined by

Class 1: 0 <Q<8
Class2: 8 <Q< 15
Class 3: 15<Q< 25
Class 4: 25 < Q < 50

0 The number of samples in each class along with the percentage of the samples which
accurately predicted W3dB, and W3dB 2 as well as Q1 from the spline function to .1%, .2%,
.5%, 1%, 2%, 5% 10% and 20% are listed in these tables. The number of sample points
(knots) was varied from n = 20, to n = 50 to n = 100 and to n = 300 in these simulations.
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Table 2.2-2 Comparison of 4 Spline-fit Algorithms

CASE 1 CASE 2

W3dB Q W3dB Q

1<Q<8 13 5 9 3
0Added 8<Q<15 13 3 10 2
Knots 15 < Q < 25 14 3 11 2

25 < Q < 50 11 1 12 1
1 < Q < 8 15 6 11 4

1Added 8<Q<15 15 4 11 3
Knot 15 < Q < 25 15 4 12 2

25 < Q < 50 15 2 13 2
1 < Q < 8 16 8 12 7

3Added 8<Q< 15 16 7 13 4
Knots 15 < Q < 25 16 5 14 3

25 < Q < 50 15 2 13 2
1 < Q < 8 22 11 20 10

7Added 8<Q<15 21 9 21 8
Knots 15 < Q < 25 23 8 20 5

25 < Q < 50 23 5 20 4
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A few comments about these results follows. First, for equally spaced knots, all w3
values were predicted to 1% or better for all Q'-ranges with 300 points using the simple
equally spaced knot algorithm summarized in Table 2.2-4a and 2.2-4b. As the number of
sample points decreased, the accuracy of predicting the 3dB frequencies and the Q' values
also deteriorated and became worse at higher Q values. It can be seen that by adding a
few additional knots in the identified passband, significant improvements in accuracy of
estimating both wsD as well as Q' values are obtainable. Additional comments about the
performance of the spline-based algorithms appear in the following section.

Comparison of Algorithms and Interpretation of Results:

The architectural similarities and differences of various approaches for obtaining wo,
W3dB, and WsdB 2 have been pointed out along with the basic description of these ap-
proaches. In this section, we are going to discuss their results as related to the number
and location of the knots.

The polynomial approximation algorithm required the least amount of computation
and provided good results for low Q filters. However, it was not reliable at higher Q's
(Q's > 3) or when the frequency band of interest is large and exhibited ringing outside the
passband.

* The equally spaced spline approximation algorithm works well, but it general requires
more knots to obtain the accuracy than is required for the other three spline approximation
methods. For example, for 0 < Q' < 8, and for the CASE 1 parasitic model, 100 knots
provided 1% accuracy with the equally spaced knot algorithm and .5% accuracy with the
other three algorithms. Correspondingly, with each addition of more knots in the four

i• algorithms presented, a general trend to improved accuracy was observed. In an attempt
to quantitatively compare these four algorithms, define as a "Figure of Merit" for each
algorithm the total number of entries in each table which are at the ideal value of 100% for
3dB frequencies and for Q values. Table 2.2-2 compares these algorithms based upon this
figure of merit. It can be seen from this table that the improvements with additional knots
are significant and that these improvements are more pronounced in higher Q' applications.

At this point, it deserves mention that the whereas all additional knots require re-
calculation of the spline function, the number of total additional sample points is very
small on a percentage basis. For example, with n = 300, the 7 additional knot algorithm

* requires a total of 307 samples with a net increase of just over 2%. Since the sampling
time will likely dominate the calculation time for tuning algorithms based upon the spline
function fits, the penalty for using the added knots is relatively insignificant. With this in
mind, comments about the performance of the spline fit algorithm will be based upon the
seven additional knot scheme. These results were presented in Table 2.2-7a and 2.2-7b.

First, it can be concluded that wsdB frequencies can be measured to 1% for all Q'
values included provided a sufficient number of sample points are used. The numbers of
sample points required to obtain approximately 1% accuracy with the seven additional
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0

Table 2.2-3 Values of Parasitic Paramaters Used in Simulation 0

CASE 1 CASE 2

ao 0 0
at 0 0
a2 C104/20 ao4/10
bo aos/1500 ao,/sw
bI .016 + aos/30, 000 .05 + ctoB/5000
b2 1/600 + ao5/20 1/100 + ao5/10
b3 1/10 1/5
b4 1/160,000 1/10,000
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Table 2.2-4a: Equally spaced knot algorithm, wp = 10, Rg'. = 100.

o<Q<s

a 300 100 50 20 300 100 50 20
Total Number 134 134 134 134 134 134 134 134
Pecent(0.1%) so 51 37 1 10 18 9 0
Percent(0.2%) 11 77 54 4 27 25 17 0
Peceat(0.3%) 100 95 04 16 54 57 34 1
Percent( 1%) 100 100 69 25 81 78 57 4
Percent( 2%) 100 100 82 42 99 89 60 7
Percent( 5%) 100 100 97 59 100 97 66 21
Percent( 10%) 100 100 100 75 100 100 72 31

*.Percent( 20%) 100 100 100 94 100 100 87 54

s<Q<16
SW3dbi, W3db2  Q

n 300 100 50 20 300 100 50 20
Total Number 134 134 134 134 134 134 134 134
Percent(0.1%) 68 53 13 0 4 5 1 0
Percent(0.2%) 94 72 20 0 9 13 4 0
Percent(0.5%) 100 87 37 0 31 30 8 0
Percent( 1%) 100 97 80 3 60 49 12 0
Percent( 2%) 100 100 74 11 92 68 15 0
Percent( 5%) 100 100 99 50 100 78 75 0
Percent( 10%) 100 100 100 72 100 90 39 1
Percent( 20%) 100 100 100 100 100 g9 68 8

15<Q<25
W3db1, W3,db2  Q

n 300 100 50 20 300 100 50 20
Total Number 98 98 98 98 98 98 g8 98
Percent(0.1%) 68 23 1 0 3 2 0 0
Percent(0.2%) 99 47 2 0 5 2 0 0
Percent(0.5%) 100 79 10 0 19 5 1 0
Percent( 1%) 100 94 28 0 40 12 1 0
Percent( 2%) 100 100 68 0 74 20 1 0
Percent( 5%) 100 100 100 32 100 45 2 0
Percent( 10%) 100 100 100 63 100 68 11 0
Percent( 20%) 100 100 100 100 100 87 24 0

* 25<Q<SO5
W3db1 , W3db, Q

n 300 100 50 20 300 100 50 20
Total Number 66 66 66 66 66 66 66 66
Percent(0.1%) 59 2 0 0 3 0 0 0
Percent(0.2%) 97 8 0 0 6 0 0 0
Percent(O.5% 100 30 0 0 8 0 0 0
Percent( 1%) 100 71 3 0 12 0 0 0
Percent( 2%) 100 98 36 0 36 0 0 0
Percent( 5%) 100 100 98 0 77 3 0 0
Percent( 10%) 100 100 100 0 95 12 0 0
Percent( 20%) 100 100 100 0 i100 32 0 0
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Table 2.2-4b: Equally spaced knot algorithm, wp - 20, Rogm - 300.

0<Q<s
W3dbt, W34b2  Q

3 300 100 50 20 300 100 50 20
Total Number 3 to is 38 33 so s 8

Percent(.1%) 49 43 31 0 11 9 6 0
Percmnt(0.2%) 80 77 63 2 17 16 14 2
Percent(0.5%) 99 95 74 6 62 45 39 5

Percent( 1%) 100 99 85 6 1 75 61 6
Percent( 2%) 100 97 93 10 99 93 68 10
Percent( 5%) 100 100 95 30 100 98 75 30
Percent( 10%) 100 100 99 50 100 99 86 50
Percent( 20%) 100 100 100 61 100 99 94 51

s<Q<15
_ W3db, W3db 2  Q

n 300 100 50 20 300 100 50 20
Total Number 82 82 82 82 82 82 82 82
Percent(O.1%) 34 21 7 0 4 4 0 0
Percent(0.2%) 91 46 18 0 4 5 1 0
Percent(0.5%) 100 67 28 0 17 12 1 0
Percent( 1W) 100 69 41 0 28 24 5 0
Percent( 2%) 100 91 50 0 83 44 12 0
Percent( 6%) 100 100 82 35 99 54 21 0
Percent( 10%) 100 100 98 61 100 74 29 0
Percent( 20%) 100 100 100 88 100 85 46 0

15<Q<25

W3db, 2  [ b,_
n 300 100 50 20 1300 100 50 201

Total Number 88 88 88 88 88 88 88 88
Percent(O.1%) 61 20 1 0 3 2 0 0
Percent(0.2%) 95 35 1 0 5 5 0 0
Percent(0.5%) 100 61 10 0 15 6 0 0
Percent( 1%) 100 81 28 0 32 8 1 0
Percent( 2%) 100 95 53 1 60 19 1 0
Percent( 5%) 100 100 93 30 94 34 1 0
Percent( 10%) 100 100 100 69 100 47 7 0
Percent( 20%) 100 100 100 93 100 74 25 0

25<Q<50

W3db1 , W3b 2  Q
n 300 100 50 20 300 100 50 20

Total Number 97 97 97 97 97 97 97 97

Perceut(0.1%) 66 4 0 0 2 0 0 0
Percent(0.2%) 94 13 0 0 3 0 0 0
Percent(0.5%) 100 34 0 0 7 0 0 0
Percent( 1%) 100 68 4 0 10 1 0 0
Percent( 2%) 100 99 37 0 38 2 0 0
Percent( 5%) 100 100 94 22 77 6 0 0
Percent( 10%) 100 100 100 76 97 14 0 0
Percent( 20%) 100 100 100 100 100 33 1 0
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Table 2.2-5a: One additional knot algorithm, wp = 10, Rogy = 100.

O(Q(3

W3dbi W dbt Q
n 300 100 50 20 300 100 50 20

Total Number 134 134 134 134 134 134 134 134
Percent(0.1%) 57 53 44 2 11 13 12 1
Percent(0.2%) 81 81 60 10 25 25 23 1
Percont(0.%) 100 100 71 24 53 54 47 3
Percent( 1%) 100 100 78 37 1 83 61 9
Percent( 2%) 100 100 88 49 99 98 67 18
Percent( 5%) 100 100 100 61 100 100 77 38
Percent( 10%) 100 100 100 78 100 100 86 56
Percent( 20%) 100 100 100 96 100 100 99 57

I 8<Q<15
W3dbj W 342a  Q

n 300 100 50 20 300 100 50 20

Total Number 134 134 134 134 134 134 134 134
-Percent(0.1%) 69 58 21 0 5 5 3 0

Percent(0.2%) 94 81 32 0 10 11 8 0
Percent(0.5%) 100 96 52 0 31 30 13 0
Percent( 1%) 100 100 66 4 60 52 20 0
Percent( 2%) 100 100 77 13 92 80 26 0
Percent( 6%) 100 100 100 54 100 91 43 0
Percent( 10%) 100 100 100 74 100 99 62 4

Percent( 20%) 100 100 100 100 100 100 80 13

15<Q<25
_ _3dbl 9 _362 Q__

a 300 100 50 20 300 100 50 20:
Total Number 98 98 98 98 98 98 98 981

Percent(O.1%) 68 41 1 0 1 4 0 0
Percent(0.2%) 100 67 2 0 7 6 0 0
Percent(O.6%) 100 84 13 0 19 11 0 0
Percent( 1%) 100 97 38 0 40 28 1 0
Percent( 2%) 100 100 71 0 72 41 1 0
Percent( 5%) 100 100 100 35 100 65 4 0
Percent( 10%) 100 100 100 87 100 87 17 0
Percent( 20%) 100 100 100 100 100 100 41 0

25<Q<50
*,W3db, W3db 2  Q

n 300 100 50 20 300 100 50 20
Total Number 66 66 66 66 66 66 66 66
Perceit(0.1%) 68 3 0 0 2 0 0 0
Percent(0.2%) 100 12 0 0 3 0 0 0
Percent(O.5%) 100 38 0 0 9 0 0 0
Percent( 1%) 100 80 6 0 20 0 0 0
Percent( 2%) 100 100 39 0 36 0 0 0
Percent( 5%) 100 100 100 9 97 5 0 0
Percent( 10%) 100 100 100 82 100 27 0 0
Percent( 20%) 100 100 100 100 100 53 0 0
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Table 2.2-5b: One additional knot algorithm, wp = 20, Rgm = 300.

0<Q<8
.W3db , W3d2 Q

n 300 100 50 20 300 100 50 20

Total Number 88 so 88 88 88 88 88 88

Percent(O.1%) 49 48 38 6 11 10 10 1
Percent(0.2%) 81 77 61 19 17 15 16 5
Percent(0.5%) 99 98 85 35 52 48 48 8
Percent( 1%) 100 99 91 49 80 78 67 22
Percent( 2%) 100 100 94 56 99 98 75 38
Percent( 5%) 100 100 99 73 100 99 92 49
Percent( 10%) 100 100 100 91 100 99 93 59
Percent( 20%) 100 100 100 98 100 100 95 67

B<Q<16
W3db 1 , W3db2  Q

n 300 100 50 20 300 100 50 20

Total Number 82 82 82 82 82 82 82 82

Percent(0.1%) 33 26 16 0 5 1 1 0
Percent(0.2%) 90 54 26 0 7 4 1 0
Percent(O.5%) 100 74 37 0 20 16 9 U

Percent( 1%) 100 88 43 0 28 24 16 0
Percent( 2%) 100 98 57 4 84 52 23 0
Percent( 5%) 100 100 82 37 100 66 34 0

Percent( 10%) 100 100 100 62 100 83 37 0
Percent( 20%) 100 100 100 91 100 99 56 1

15<Q<25
W3db t , W3db Q

n 13)0 100 50 20 300 100 50 20

Total Number 88 88 88 88 88 88 88 88

Percent(0.1%) 63 33 1 0 3 1 1 01

Percent(0.2%) 95 51 2 0 8 2 1 0
Percent(0.5%) 100 67 13 0 14 10 1 0
Percent( 1%) 100 86 34 0 31 17 1 0
Percent( 2%) 100 99 59 1 56 32 1 0

Percent( 5%) 100 100 95 35 98 52 3 0

Percent( 10%) 100 100 100 73 100 68 13 0
Percent( 20%) 100 100 100 100 100 85 39 0

25<Q<50
W3db 1 , W3db 2  Q

n 300 100 50 20 300 100 50 20

Total Ijumber 97 97 97 97 97 97 97 97

Percent(0.1%) 76 9 0 0 1 1 0 0

Percent(0.2%) 95 20 0 0 3 1 0 0

Percent(O.5%) 100 44 0 0 8 4 0 0

Percent( 1%) 100 71 6 0 13 5 0 0
Percent( 2%) 100 100 46 0 38 7 0 0

Percent( 5%) 100 100 95 22 88 10 0 0

Percent( 10%) 100 100 100 76 100 25 0 0

Percent( 20%) 100 100 100 100 100 47 1 0
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Table 2.2-6a: Three additional knot algorithms, wp = 10, R.gm = 100.

o<Q<S
W3db i , W3db 2  Q

a 300 100 50 20 300 100 50 20
Total Number 134 134 134 134 134 134 134 134

Percont(O.1%) 57 57 49 34 10 10 11 10
Percent(0.2%) 81 81 74 51 23 24 23 19
Percent(O.5%) 100 100 93 66 53 53 50 37
Percent( 1%) 100 100 99 60 81 81 78 53
Percent( 2%) 100 100 100 67 99 99 88 57
Percent( 5%) 100 100 100 76 100 100 99 57
Percent( 10%) 100 100 100 88 100 100 100 62
Percent( 20%) 100 100 100 96 100 100 100 75

s<Q<ls
WW3db, W3db Q

n 300 100 50 20 300 100 50 20
Total Number '134 134 134 134 134 134 134 134

Percent(O.1%) 92 66 50 1 5 4 6 0
Percent(0.2%) 93 94 67 5 10 9 10 0
Percent(0.5%) 100 100 79 12 31 29 24 0
Percent( 1%) 100 100 88 28 61 61 43 0
Percent( 2%) 100 100 100 52 92 93 63 5
Percent( 5%) 100 100 100 66 100 100 76 10
Percent( 10%) 100 100 100 1S 100 100 87 22

Percent( 20%) 100 100 ICO 95 100 100 100 48

15<Q<25

03W3db 1 , W3db2  I Q
n 2C.' 100 50 20 1300 10 53

Total Number 98 98 98 98 I 98 98 98 981
Percent(O.1%) 68 68 14 0 1 2 0 0
Percent(0.2%) 100 93 27 0 7 3 0 0
Percent(0.5%) 100 100 61 0 19 18 2 0

Percent( 1%) 100 100 83 3 40 35 6 0
Percent( 2%) 100 100 99 9 73 72 15 0
Percent( 5%) 100 100 99 36 100 98 37 0
Percent( 10%) 100 100 100 74 100 100 57 0
Percent( 20%) 100 100 100 100 100 100 85 0

25<Q<50
W3db 1 , W3db 2  Q

n 300 100 50 20 300 100 50 20

Total Number 66 68 66 66 66 66 66 66
Percent(0.1%) 67 24 0 0 2 0 0 0
Percent(0.2%) 100 48 2 0 3 0 0 0
Percent(0.5%) 100 92 20 0 8 3 0 0
Percent( 1%) 100 100 47 0 15 9 0 0
Percent( 2%) 100 100 74 0 39 21 0 0
Percent( 5%) 100 100 91 23 98 45 0 0
Percent( 10%) 100 100 100 61 100 68 3 0
Percent( 20%) 100 100 100 100 100 94 26 0
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Table 2.2--6b: Three additional knot algorithms, w. = 20, Rogm = 300.

O<Q<8

W3dbi , W3db2  Q
a 300 100 50 20 300 100 50 20

Total Number 88 88 8 88 88 88 88 88
Percent(O.1%) 49 50 38 6 11 13 10 1
Percent(0.2%) 81 82 61 19 17 18 16 5
Percent(O.5%) 99 99 85 35 52 52 48 8
Percent( 1%) 100 100 91 49 80 81 67 22
Percent( 2%) 100 100 94 55 99 100 75 38
Percent( 5%) 100 100 99 73 100 100 92 49
Percent( 10%) 100 100 100 91 100 100 93 59
Percent( 20%) 100 100 100 98 100 100 95 67

8<Q<15

... W3dbi , W3dbi Q
300 100 50 20 300 100 50 20

Total Number 82 82 82 82 82 82 82 82
Percent(0.1%) 33 32 16 0 5 2 1 0
Percent(0.2%) 90 84 26 0 7 2 1 0
Percent(0.5%) 100 94 37 0 20 17 9 0
Percent( 1%) 100 100 43 0 28 26 16 0
Percent( 2%) 100 100 57 4 8.1 72 23 0
Percent( 5%) 100 100 82 37 100 94 34 0
Percent( 10%) 100 100 100 62 100 99 37 0
Percent( 20%) 100 100 100 91 100 100 56 1

15<Q<25
'_3db, W3db , Q

n_ 300 100 50 20 1300 100 50 20

Total Number 88 88 88 88 88 88 88 88
Percent(0.1%) 63 56 1 0 3 2 1 0
Percent(0.2%) 95 75 2 0 8 6 1 0
Percent(0.5%) 100 95 13 0 14 17 1 0
Percent( 1%) 100 100 34 0 31 28 1 0
Percent( 2%) 100 100 59 1 56 53 1 0
Percent( 5%) 100 100 95 35 98 81 3 0
Percent( 10%) 100 100 100 73 100 92 13 0
Percent( 20%) 100 100 100 100 100 100 39 0

25<Q<50
W3db i , W3db 2  Q

a 300 100 50 20 300 100 50 20
Total Nimber 97 97 97 97 97 97 97 97
Percent(0.1%) 76 9 0 0 1 1 0 0
Percent(0.2%) 95 20 0 0 3 1 0 0
Percent(O.5%) 100 44 0 0 8 4 0 0
Percent( 1%) 100 71 5 0 13 5 0 0
Percent( 2%) 100 100 46 0 38 7 0 0
Percent( 5%) 100 100 95 22 88 10 0 0
rercent( 10%) 100 100 100 76 100 25 0 0
Percent( 20%) 100 100 100 100 100 46 1 0
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Table 2.2-7a: Seven additional knot algorithms, wp = 10, Rog,= 100.

0<9<o
_W b3d&, W3db2  Q

4 300 100 50 20 300 100 50 20
Total Number 134 134 134 134 134 134 134 134
Percent(O.1%) 57 57 57 48 10 12 10 10
Percent(0.2%) 81 81 80 73 24 23 25 24
Percent(0.3%) 100 100 100 93 53 53 53 54
Percent( 1%) 100 100 100 98 81 81 81 72
Percent( 2%) 100 100 100 100 99 99 100 86
Percent( 5%) 100 100 100 100 100 100 100 94
Percent( 10%) 100 100 100 100 100 100 100 97
Percent( 20%) 100 100 100 100 100 100 100 100

S<Q<15

W30b, iW30b2  Q
n 300 100 50 20 300 100 50 20

Total Number 134 134 134 134 134 134 134 134
Percent(O.1%) 69 69 68 49 5 5 5 5
Percent(0.2%) 93 93 93 81 10 10 10 10
Percent(O.5%) 100 100 100 92 31 31 30 28
Percent( 1%) 100 100 100 94 61 60 58 43
Percent( 2%) 100 100 100 99 92 92 93 64
Percent( 5%) 100 100 100 100 100 100 100 88
Percent( 10%) 100 100 100 100 100 100 100 92
Percent( 20%) 100 100 100 100 100 100 100 95

15<Q<26

I W3 4j 1b, W3db,2  I Q
a 3 0 0  100 50 20 300 100 50 20

Total Number t 98 98 98 98 98 98 98 98
Percent(0.1%) 68 67 67 28 2 1 8 1
Percent(0.2%) 100 100 97 57 7 7 14 1
Percent(0.5%) 100 100 100 86 19 20 24 5
Percent( 1%) 100 100 100 96 39 40 41 15
Percent( 2%) 100 100 100 99 73 76 65 29
Percent( 5%) 100 100 100 100 100 100 99 57
Percent( 10%) 100 100 100 100 100 100 100 77
Percent( 20%) 100 100 100 100 100 100 100 92

25<Q<50

S 3db1, W3 2  Q
n 300 100 50 20 300 100 50 20

Total Number 66 66 66 66 66 66 66 66

Percent(0.1%) 65 68 59 9 3 2 3 0
Percent(0.2%) 100 100 86 17 6 2 5 0
Percent(O.5%) 100 100 100 47 8 5 9 2
Percent( 1%) 100 100 100 77 17 17 15 5
Percent( 2%) 100 100 100 95 39 39 33 8
Percent( 5%) 100 100 100 100 96 100 71 11
Percent( 10%) 100 100 100 100 100 100 89 18
Percent( 20%) 100 100 100 100 100 100 97 50
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Table 2.2-Tb: Seven additional knot algorithms, w. 20, Rogm = 300.

o~zq<e

W3dbj, W3db, Q
n 300 100 50 20 300 100 50 20

Total Number 8 88 88 88 81 88 as as
Plercent(0.1%) 49 49 49 43 11 11 10 14
Percent(0.2%) 81 81 82 76 17 18 16 20
Percent(O.5%) 98 99 99 97 51 52 50 50 •
Percent( 1%) 100 100 100 100 81 81 83 76
Percent( 2%) 100 100 100 100 99 99 99 90
Percent( 5%) 100 100 100 100 100 100 100 99
Percent( 10%) 100 100 100 100 100 100 100 99
Percent( 20%) 100 100 100 100 100 100 100 100

~8<Q<1 5
W3db1 , .W3db2  Q

n 300 100 50 20 300 100 50 20

Total Number 82 82 82 82 82 82 82
Percent(O.l%) 35 34 32 29 5 4 5 4 9
Percent(0.2%) 90 91 89 41 6 7 7 5
Percent(0.5%) 100 100 100 73 20 20 20 22
Percent( 19) 100 100 100 87 28 29 28 29
Percent( 2%) 100 100 100 95 84 83 70 43
Percent( 5%) 100 100 100 100 100 100 99 63
Percent( 10%) 100 100 1000 100 100 76
Percent( 20%) 100 100 100 100 1100 100 100 90 •

15<Q<25
3dbj ' U)3db3 I Q

n i 300 100 50 20 300 100 50 20
Total Number 1 88 88 88 88 as 88 88 as le

Percent(0.1%) 61 63 59 28 5 5 1 0
Percent(0.2%) 95 95 93 50 9 8 3 1
Percent (0.5%) 100 100 99 73 16 16 14 7
Percent( 1%) 100 100 100 88 31 31 28 14
Percent( .A) 100 100 100 97 57 58 58 28
Percent( 5%) 100 100 100 100 99 98 95 45
PercerAt( 10%) 100 100 100 100 100 100 99 66
Percent( 20%) 100 100 100 100 100 100 100 84

25<Q<50

n 300 100 50 20 300 100 50 20
Total Number 97 97 97 97 97 97 97_97
Percent(0.I%) 74 76 58 13 1 2 1 0
Percent(0.2%) 94 96 81 21 4 2 1 0
Percent(O.5%) 100 100 98 52 8 9 2 1
Pdrcent( 1%) 100 100 100 86 15 13 13 4
Percent( 2%) 100 100 100 99 41 38 31 8
Percent( 6%) 100 100 100 100 88 88 67 12
Percent( 10%) 100 100 100 100 100 100 86 23
Percent( 20%) 100 100 100 100 100 100 96 43
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Table 2.2-8. Summary of spline fitting algorithms for a 1% accuracy
estimate of W3dB, and w3dB 2 .

Algorithm number of data points

for equally spaced knot method 200 - 300

for one additional knot method 150 - 200

for three additional knot method 100-150

for seven additional knot method 30- 50
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knot algorithms are compared with those required for the other spline function algorithms
in Table 2.2-8. It can also be concluded that this algorithm works even better for high Q'
circuits. The reason the improvements are more significant at high Q's can be qualitatively
explained. Since the WSdB frequencies and Q' values compared in Table 2.2-4 are essentially
characteristics of the passband, those points which lie outside of the passband have only
small affects on the predicted values of these parameters. For example, with a peak gain
at w = 1 and with Q = 1, most of the equally spaced points (approximately 275) lie 0
in the passband. Thus, if n = 300, then there are 275 points in the passband with the
equally spaced algorithm and 282 points in the passband for calculation of the second
spline function with the 7 additional points algorithm. Correspondingly, if Q = 20, then
there are approximately 7 of the un.ormly spaced points in the passband with the equally
spaced algorithm and 14 points in the passband with the 7 additional points algorithm.
The significant improvement in the number of passband data points experienced in high
Q applications should be apparent.

Based upon the premiss that the number of passband points plays a major role in
determining the overall accuracy of estimating the 3dB frequencies and Q' values, there S
appears to be a paradox in the data of Table 2.2-4a, because, for example, with Q = 1
and a peak gain at w = 1 we would expect to obtain an estimate of Q' and W3dB and
W3dB2 much better than .5% with about 270 passband points since nearly .5% accuracy
was demonstrated for about 14 points! This is actually not a paradox because the data for
0 < Q < 8 in Table 2.2-4a was obtained by considering all structures with Q < 8. Were •
the first table limited to Q < 1, a dramatic irap-ovement in accuracy for the equally spaced
knot algorithms would have been observed due to the very high number of passband data
points and minimal improvements would have been observed with the remaining three
algorithms.

If 300 initial sample points are used, 0.5% accuracy appears attainable for the high Q
circuits. It may well be the case that even further improvements in accuracy are attainable
with other modest modifications of the spline fitting algorithm. Since our goal has been
to obtain frequency control in the 1% range, and since it appears that the existing spline
algorithms are capable of this, additional investigations at improving the spline fitting
alge. ithm have not been made at this point in time.

Comments about the performance of these spline function algorithms as a function
of the number of points in the algorithm deserves attention. The simulations summarized
in Table 2.2-7 were based upon the assumption that the sample points were uniformly
(linearly) spaced on the normalized interval from 0 to 2. In practice, we would expect
deviation from our design center by at most ±50%. This would effectively reduce the
normalized interval over which sample points need be taken to [+.5, 1.5 which effectively
reduces the required number of sample points by a factor of 2 below what was used in
the simulations of Table 2.2-7. The question of using linear or logarithmic spaced samples
deserves mention. Since the log-.-rithmic frequency axis is often of more interest than the
linear frequency axis, it would make more sense to consider uniformly spaced samples on
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a logarithmic axis. Defining the logarithmic frequency variable by h where

h = log w

it follows that the normalized linear domain defined by w4.5, 1.5] maps to the normalized
logarithmic domain defined approximately by he[-.3, .2]. It is conjectured that a reduction
in the number of sample points required for a given degree of accuracy can be obtained by
using the uniform logarithmic point spacing. The question of whether the spline fit is made
in terms of the w variable or h variable also deserves attention. It is also conjectured that
a polynomial spline fit in the h variable rather than the w variable may offer improvements
in accuracy. Neither of these conjectures have been substantiated at this point in time.

Another method of reducing the number of sample points while still maintaining a
given degree of accuracy deserves mention. The equal spaced knot algorithm was based
upon the assumption that all sample points were made a-priori and that the spline function
was calculated based upon these a-priori measurements. The three extensions discussed
above were based upon the assumption that a few additional sample points could be added
through a second series of a small number of additional measurements near the passband
predicted by the first set of measurements. Although all sample points from both sets of
measurements were used in the second spline function calculation, the affects of all except
for a few of the original points in the neighborhood of the passband on the estimates of
W3dB and Q' were negligeable. Since very few of the original sample points affect the
estimates of w3dB and Q' for narrow bandwidth systems, a significant reduction of the
number of required sample points can be obtained in high Q applications if a much coarser
grid is used initially since the first spline function fit essentially only serves to locate the
,ctual passband from which additional samples will be made. If sufficient resolution on the
magnitude measurement circuit exists, a very small number of samples is needed to locate
the passband. Unfortunately, for narrow-band systems, the magnitude of the transfer
function may be so low in the stopband so as to cause practical limitations in accurately
making gain measurements; in fact, it may well be the case that the magnitude at ma.ny
sample points in the stopband is less than 1 l.s.b. of the A/D converter in the magnitude
measurement system. This problem can be circumvented if we require at least one sample
point lie in the nominal passband. If the normalized desired system bandwidth is BW",
then the number of sample points needed to nominally obtain one sample point in the
passband for the linearly spaced samples in the interval [.5, 1.5] is given by

1.5-.5 1 (= W = - (2226)iiBW. BW.

With a bandpass system which is nominally second-order, the pole Q is the reciprocal of
the bandwidth. Thus the number of sample points needed is

-i = Q (2.2-27)

If the 7 additional knot algorithm is used, it is conjectured that approximately Q + 7 total
data points are needed to obtain accuracies in W3dB1 and W3dB2 to about .5% using the
two spline approach.
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Significant reductions in spline function computation time can also be achieved. The
computation time required for a spline function fit to a large number points can be ap-
proximnated by

t =aN (2.2-28)

where N is the number of data points and a is a constant independent of N. The com-
putation time reduction potential is based upon the premiss that a spline function fit to
the data points in the passband plus one or two data points adjacent to the passband will
differ very little, in the passband, from a spline function fit through all of the data points.
With this premiss, it can be observed that the algorithm used to generate the data in
Table 2.2-7a for n = 300 required fitting one spline through 300 points and a second spline
through 307 points. Thus the time required for spline calculations can be approximated
by t -- (607)a. Nearly the same accuracy would have been obtained if the second spline
function were restricted to passband data points plus, say two, points adjacent to the pass-
band on each side. For example, if Q = 20, it follows from the previous example that there
are approximately 14 passband points with the four additional adjacent points the time
required for calculating the second spline is reduced to t2  - 18ar and the total computa-
tional time for the 300 point algorithm becomes 318ar which is nearly a 50% reduction over
what was req-uired for calculating the two spline functions with a large number of points.
If the number of sample points for the first spline calculation is now reduced to n, = Q, it
follows that the 7 additional point algorithm will require a total spline computation time
of

t =aQ +(7 +21 +2)a (2.2-29)

For Q - 20, t = 31ca which is ab-"t 5% of what was required previously to obtain nearly
the same accuracy in estimating t' coptto and w3dB2s

2.2.2 Data Collection Haidware

The measurement system can be subdivided into three separate hardware subsystems:
excitation, frequency counter and gain/phase Performance Detector subsystems. The re-
mainder of this section will discuss each of these hardware subsystems, their architectures
and design details of specific implementations.

2.2.2.1 Excitation system.

This subsystem provides the analog signal processor with a sinusoidal input waveform,
of a specified frequency and amplitude needed during the calibration phase. The proposed
architecture is based upon a vnltage controlled oscillator (VCO) as shown in Fig. 2.2-
7. Two digital words (D rerand Dfitnp) are supplied by the performance measurement
controller. Dfeq is converted by a n-bit DAC (typically a logarithmic DAC) to a control
voltage (V). which is used to control the frequency of oscillation of the VCO. Similarly,
the digital word D mp is converted to a control voltage V which is a reference signal for
an automatic gain control (AGC) circuit. The output of the VCO, vex., should be of the
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form,
Vezc = Vmsin(w(t).) (2.2 - 30)

where Vm and w are a function of Damp and Df,,q, respectively.

The basic specifications for this subsystem are as follows:

(1) The frequency range should cover the current CSP control range and extend well below
and above the pasaband for all realizable filters within this range. For DCASP-2, the
required range is approximately from 500Hz to 5MHz.

(2) The resolution of the frequency control should be set at a fixed percent change of
the current frequency, dictated by the maximum number of samples required in the
passband at the highest Q, (i.e., .o00 where N is the number of samples in the
passband). For DCASP-2, and tde current SPLINE fitting algorithm needed for
attaining absolute accuracy in the .5% to 1% range, this value is around .2%.

* (3) The range of Vm should satisfy the expression, V <_ < Vm _ Vmaz, where Vmaz is
the maximum signal swing permissable at the filter input or output and Hmz is the
maximum gain over the operating frequency range of the filter (assuming that there
is no peaking at any internal nodes to the CSP), thus preventing the output signal
from being distorted because of too large an output signal swing, or too noisy because

* of too small an output signal swing.

In light of global processing variations, it may be necessary to calibrate the frequency
control of the excitation subsystem in order to meet the above specifications, which is
easily provided for by the current DCASP architecture.

Currently, no excitation system has been implemented in CMOS, since this circuit
design was not expected to limit the overall capabilities and performance of the DCASP
architecture under investigation. An HP 3325A programmable synthesizer/function gener-
ator is currently being used in its absence. This instrument easily meets the aforementioned
specifications and is readily interfaced to the tuning host discussed in Section 2.4 of this
document.

2.2.2.2 Frequency measurement system.

This subsystem measures the fundamental frequency of the excitation waveform, thus
providing the ordinal values of the transfer function frequency response.

A basic description of the architecture of a frequency counter subsystem is shown
in Fig. 2.2-8. This system has two analog inputs, free and funk. free is an externally
provided reference frequency waveform, while funk is the "unknown" sinusoidal waveform
of unknown frequency. The outputs are two n-bit digital words, D,,! and D,, which
are supplied to the performance measurement controller for post-processing. The internal
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Fig. 2.2-7. Block diagram of typical excitation hardware system.
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hardware consists of a zero crossing comparator with hystersis that drives a digital counter's
* clock input. Thus ccunting the number of periods of the unknown input waveform that

occurs in a fixed time interval; the period and frequency of the unknown input waveform
can be estimated. The digital control signals clear and latch are used to start and stop the
counting process, and thus control the conversion time interval. The hystersis in the high-
speed comparators compensate for harmonic distortion and noise that may be present on

* the input waveform.

The basic concept illustrated here is that the number of periods in a fixed time interval
is proportional to the frequency of the waveform. This can be expressed mathematically
as

N = fts (2.2--31)
sin(2,rft + $)Idt

where N is the number of periods in the interval t E [tl,t2.

The quantization effects of the actual hardware system can be expressed as N" - 1 <
0 D, _ N, + 1 for x E (re, unk), where D, (corresponding to the physical output word of

the hardware system) is the quantitized or measured value of N (the exact or theoretical
number of periods). Now, based upon the proportionality between frequency and the
number of periods in a fixed interval, the unknown frequency, funk can be expressed as

r Duk (2.2 -32)funk = ref -br- .
Dref

The overall error induced in funk, assuming a LSB error in both Dref and Dunk and based
upon a worst case sensitivity analysis on eq. (2.2-32), is:

f. 1 ( + (2.2-33)

funkAt D~~ u \nA fI"f

Thus for a specific value funi and free, the length of the measurement time interval
can be determined for a desired accuracy. Also, the overall accuracy of the frequency
counter for a fixed time interval can be enhanced by increasing the reference frequency as
limited by the speed of the physical hardware. For frql > funk, the width m of the digital
word Dunk determines the overall percent accuracy of the frequency count.r, as expressed
in eq. (2.2-34).

Sm 10-log2( 7-) (2.2-34)
funk

This also implies that the digital counter associated with Dunk can be used to indicate
when a certain desired accuracy has been obtained and thus automatically terminate the
conversion process. The width n of the digital word D,,f is a function of the mi.imum
unknown frequency and the corresponding digital word width m. Assaiming that the end-
of-conversion (EOC) is triggered by the saturation of the "unknown" counter, then

n m + 2( frTl!) (2.2-35)
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The design presented here, is simple and straight forward and unlimited in obtainable
accuracy. Since the DCASP architecture currently under investigation is not limited in
performance nor capabilities by the specifics of the frequency counter implementation, the
frequency counter subsystem has not been fabricated in CMOS technology. Rather a HP
5316A 100MHz Universal Counter has been substituted in the absence of an integrated
version of this circuit.

2.2.2.3 Gain/Phase Measurement System.

The discrete time sampling algorithm discussed in Sec. 2.2.2.1 of this report was
based upon the assumption that samples of the waveform at discrete points in time are
available. Since tedious arithmetic based upon the values of these samples is required to
extract gain and phase information, it is most expedient to implement these operations
with the digital controller. The most straightforward way to approach this problem thus
involves building a high speed clocked A/D converter. High speed A/D converter design
with good accuracy and resolution is challenging. An acceptable alternative is to build
a fast sample and hold and a slower speed A/D converter. This significantly relaxes
the A/D converter design specifications and simplifies the A/D converter design problem
thus reducing the cost associated with implementing the A/D converter. Furthermore,
with the latter approach, a single A/D can service several sample and holds thus further
reducing system design costs and guaranteeing inherent channel to channel matching of
the A/D conversion process. This channel to channel matching possibility has farther
reaching implications. Since gain measurements will be made based upon the excitation
and response samples, any nonideal factors which linearly affect the input and output in
identical ways will have minimal impact on system gain calculations. Thus, architectures
which have inherent channel to channel matching in the data converters and/or sample
and hold circuits should offer potential for improved performance. The difficulty of this
approach is that stringent and challenging specifications must be placed on the design of
these sample and holds (S/H's), for high frequency applications requiring high precision
and high speed sampling.

The discrete time sampling algorithm of Sec. 2.2.2.1 requires simultaneous sampling
of the excitation and response waveforms. This can be achieved with two phase-coherent
sample and hold circuits, as shown in Fig. 2.2-9. These circuits share the sample control
line. The resulting sample and held output voltages (v./Ezc and Vo/Reap) are made available
for conversion to digital wo.ds by a subsequent A/D(s) which is (are) not included in the
figure.

Such sample and holds are often designed to operate in two modes, the track-mode
and the hold-mode in which a holding capacitor is used to hold the sampled waveform. In
track-mode the voltage drop across the holding capacitor tracks the input voltage. In the
hold-mode, the charge on the hold capacitor is electrically isolated from the input signal
and the voltage drop across the low-loss capacitor is buffered and supplied to the output,
as the sampled signal. The transition from the track mode to the hold mode is referred to
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Fig. 2.2-9. Block diagram of a two phase-coherent S/H circuit.
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as sampling.

re Performance Limitations:

Three different Sample and Hold circuits have been investigated. Before the perfor-
mance limitations of the Sample/Hold circuits can be properly addressed, the term per-
formance should be defined in this specific context. Several parameters which are useful

0 for characterizing the performance of Sample and Hold circuits follow:

Channel-to-Channel Aperture Jitter (Atp) - Aperture Time is qualitatively
defined as the time between the inception of the sample trigger and the instant the
voltage drop across the hold capacitor ceases to track the input signal. This instant

* shall be referred to as the sampling time t.. The channel to channel variation in the
aperature times will be termed aperature jitter.

Channel-to-Channel Gain Variation (AH,h) - The variation in the Gain
between matched channels of the Performance Detector over a specific frequency range

• and voltage range. The Gain specified in dB is defined as the linear voltage gain
between the input signal and the sample and held output signal. Ideally the gain
should be OdB.

Differential Nonlinearity (DNL) - The maximum deviation from an ideal straight
* line drawn between the maximum and minimum sample and held output voltage over

the intended range of input signals, as a function of the input frequency. This quantity
is expressed as a percentage of the full scale (FS) analog voltage range. This error
term is independent of gain error and offset error.

* Droop Rate (dVo/dt) - Droop rate is the rate of change in the sample and held
output voltage while the circuit is in hold-mode. dV0/dt is a direct function of the
leakage current associated with the hold capacitor and the size of the holding capacitor.

Hold Mode Settling Time (thm) - This is the time for the sampled and held
0 output signal to settle to within a specified error band, measured from the rising

edge of the sample and hold line. This is a function of the external load capacitance
placed on the output. This time factor is the minimum amount of time that should
be allocated between requesting a sample and instigating the A/D conversion process.

Offset Voltage (V,,) - This is the DC sample and held output voltage associated
0 with sampling the input sigaial with the input grounded. This component includes

clock (sample) feedthrough and any offset associated with buffering the sample and
held output signal.

Power Supply Rejection Ratio (PSRR) - The AC voltage gain between an AC
• voltage source in series with the DC power supply voltages (VDD and Vss) and the

output voltage Vo for the S/H operating in both track- and hold-modes. PSRR is
measured in dB as a function of frequency.
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Note that the Aperture Time and Gain are not specified here because the Sampling
Algorithm eliminates these errors, assuming the two channels are matched. Furthermore 0
since matching of the adjacent S/H is suspected to be fairly good, the channel-to-channel
type variations should not be especially taxing. Also, the DC offset voltage is not partic-
ularly challenging because its effect can easily be cancelled in the discrete time Sampling
Algorithm. The differential nonlinearity is expected to be the most challenging of the
specifications listed above, especially when subjected to large-amplitude high-frequency 0
signals.

The problem of analyzing the inherent performance limitations of each of the S/H
architectures has been broken down into three separate categories:

(1) Track-Mode performance limitations - those factors that limit the ability of the

S/H circuitry to accurately track the response input signal relative to its ability to
track the excitation input signal; and how these inaccuracies relate to the overall
inaccuracy of the so called "sampling".

(2) Sampling-Transition performance limitations - those inaccuracies in the over-
all "sampling" induced by the transition between tracking the input signal and
holding the resultant analog voltage on a hold capacitor.

(3) Hold-Mode performance limitations - those limitations that cause the resulting
held analog voltage to deviate from its ideal value.

Errors in each of these categories must then be related to the overall error in so called
"sampling" the excitatin and response signals. These errors induce errors in the computed
gain and phase measurements of the Performance Measurement System.

Before each of these architectures are discussed, common problems or non-idealities
that plague eacO of these S/H designs will first be characterized and then modeled. Primar-
ily this discussion will focus on the analog switch since it (1) is common to all S/H designs
and (2) contributes heavily to the overall differential nonlinearity and other performance
limitations of the S/H's. 0

After the analog switch has been discussed, three S/H architectures will be described.
This section is concluded with a discussion of the design of an operational amplifier which
is central to all of the S/H architectures.

2.2.2.3a Sample and Hold for Data Conversion

2.2.2.3al Analog Switch

In the S/H application the purpose of the analog switch, shown in Fig. 2.2-10, is to
provided a short circuit between the source node V, and the drain node Vd when the switch
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is on, provide an open circuit when the switch is "off", and rapidly switch between the
"on" and "off" states when the control line V. changes from a logical "I" (+5V) to a "0"
state (-SV). In actuality the analog switch deviates greatly from this ideal performance
with the following symptoms:

(1) When the analog switch is turned on, it exhibits two undesirable characteristics:

(a) It has a finite on-resistance meaning that there is some finite voltage drop across
the switch that increases as the current through the switch increases.

(b) This on-resistance is dependent upon the DC potential of the source/drain nodes,
thus inducing signal dependent nonlinearities into the host circuit. The non-zero
on impedance manifests itself in delays and a frequency dependent gain function
when the switch is used in high speed sample and hold circuits. These effects
are dominantly linear. The voltage-dependent nonlinearities in the switch on
impedance cause distortion in the sample and hold. These latter effects cause

0 major concern if the distortion becomes very large.

(2) Each of the pass-transistors of the analog switches have a parasitic capacitor between
the source/drain node and the gate. This capacitor weakly couples the control sig-
ral driving the gates into the signal path of the analog switch, resulting in the two
following characteristics:

(a) It injects charge into the source and drain nodes of these devices when it is turned
"off". This is commonly referred to as clock feedthrough.

(b) It injects power supply noise into the source and drain nodes even while these
* devices are "off".

(3) The reverse biased junctions of the n+ and p+ diffusions associated with the source and
drain nodes of the pass-transistors of the analog switches contribute to two parasitic
effects:

(a) A parasitic diffusion capacitor is produced between the source/drain nodes and
the bulk/well. Furthermore, these parasitic capacitances are a function of the
DC voltage across the capacitor. These nonlinear parasitics induce undesirable
nonlinearities into circuits containing these components.

0
(b) The source/drain diffusions exhibits a reverse bias leakage current, thus implying

that the source/drain nodes of the analog switch are not electrically isolated when
the switch is "off".

Each of these nonidealities are discussed below, after the different analog switch ar-
chitectures are presented.
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Fig. 2.2-10. Analog switch symbols.
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Fig. 2.2-11. Analog switch circuit schematics.
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Description:

There are four types of analog switches that are currently under investigation, as
shown in Fig. 2.2-11. The first two switches are the simple n-channel and p-channel
devices. These devices have a limited operating voltage range, since the devices have a
tendency to turn "off" with large input signal. The turning off of the switches is due to
threshold voltage limitations caused by decreasing the excess bias on the G-S terminals 0
with increasing signal swings. The threshold voltage itself is also signal dependent due
to bulk (-I) effects. -y effects become more problematic as the reverse bias between the
bulk/source p/n junction is increased. This increase in reverse bias increases the size of
the depletion region surrounding this junction and reduces the majority carriers in the
channel. Quantitatively, in a typical CMOS process, this modulation of VT varies between 0
0.8V and 2.5V as VBS voltages range between 3V and 7V, as is typical for our input signal
swing of ±2V. Here the term 'on" refers to the device being biased in the active or triode
region, so that t,'ie channel is characterized by the presence of a strong inversion layer.
The device is referred to as "off", when the device is biased in cutoff, where the channel
is void of majority carriers. The other bias regions such as weak-inversion and saturation 0

are undesirable states, since the device has a much larger "on-resistance" in these states,
yet not large enough to be considered "off". Quantitatively, consider a circuit biased with
±5 volt supplies with an input signal of +2V placed on the source node of an n-channel
MOSFET with a zero bias threshold voltage of .9V gated on with +5V applied to the
gate. This results in a VBS = -7V and thus for -1 = .3V , VT - 2.5V. This results •

in a VGS - VT 2 0.5V, which would be considered barely "on", especially if VDS was
non-zero. This will be illustrated later in the discussion of on-resistance nonlinearities.
Similar problems are experienced with single p-channel switches when the input signals
become negative.

This soft turn-on problem is typically addressed by using the complimentary ana-
log switch shown in Fig. 2.2-11c. This switch has the characteristics that as V, swings
positive, the n-channel transistor M1 starts to turn "off", but the p-channel device M2
counteracts this effect by turning "on" even stronger. Similarly as the V. swings negative
the n-channel MOSFET compensates for the p-channel transistor. The price paid for •
the complimentary signal is both the area required for the second transistor and, more
importantly, the necessity of generating and bussing the complimentary clock signals.

The last analog switch under consideration is referred to as the "floating-well compli-
mentary analog switch", as shown in Fig. 2.2-i1d. This switch attempts to take advantage •
of the p-well process by tying the p-well of M 2 to V, when the switch is "on" and to Vss
when "off". Thus the bulk effect of M 2 is completely eliminated when the device is on. One
criterion for a floating-well type architecture to operate properly, is that the n+ diffusion
and p-well junctions associated with M 2 must remain reversed biased at all times. Thus
when the transistor is "off" the p-well is dropped to the lowest potential in the circuit. •

Furthermore when the transistor is "on", it is assumed that Vd is one diode drop above
V.. This assumption will restrict how much current can be pulled through the device, and
thus limit its application. Lastly, when the switch is turned "off", there is a time delay
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between the analog switch turning "off and the p-well being discharged down to Vss.
This time delay should be of no consequence as long Vd does not change drastically in
this time period, as is expected in most S/H applications. Note also the dynamic p-well
biasing circuitry does not affect the time required to turn the analog switch "off", except
for a slight increase in the load capacitance seen on the V, node.

Voltage Dependent "On-Resistance" Nonlinearities:

As mentioned above, when the analog switch is turned "on", and current is being
conducted by the switch, a voltage drop across the switch VDs is produced. This implies a
finite on-resistance. The term "on-resistance" normally implies that there exists a linear
relationship between the conduction current and the associated voltage drop across the

• analog switch. Unfortunately, this is not the case. First of all, the analog switch is not a
two terminal device, but rather is a two port device (as shown in Fig. 2.2-12a), in which
there exists some family of nonlinear I-V curves that can be characterized by small-signal
linearized two port parameters as a function of the DC quiescent two port parameters
VD, Vs, ID and Is. Equivalently the two-port system can be represented as shown in

0 Fig. 2.2-12b, where VDs df VD - VS and Is = Is, + Is,. If we neglect leakage currents,
(Is, = 0) and assume that ID = IS then the small-signal linearized on-resistance roe can
be defined as

def WVDS
*ro = - (2.2- 36)

roe is a function of the bias point sVD and Vs. With this formulation, it is assumed
that ron is frequency independent. Since the intended use of this model as driven by the
S/H application is ideally based upon the assumption that there is little to no voltage
drop across the device when the switch is in the "on" state, we shall assume that the DC
component of VDS satisfies the relation VDS , 0. This simplifies the model and reduces
the on-resistance to being a function of a single DC potential, Vs.

N- and P-Channel Analog Switches

First the n-channel and p-channel pass-transistor analog switches will be study with
• the intent of accurately characterizing the nonlinear on-resistance characteristics. After

this has been completed, then the complimentary and floating-well analog switches will
be be studied, since these complex devices are composed of simple pass-transistors.

* Hand Calculations

Mathematically the expression for ro, for the single n-channel and p-channel analog
switches can be derived easily from Sah's equation.
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Analog IVS s Switch VD VS Is nlgV

(a) Normal (b) Equivalent
Fig. 2.2-12. Two port representation of an analog switch.
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Sah's Equation:

*ID(VG3 -VT.--in(/0 V~s - V60) - ' VDs(1 + XVDs) (2.2 - 37a)

where ,W
On = Knf T(2.2 - 37b)

Thus if we assume the following definitions for on-resistance ro, and on-conductance gf:

I dot 6 IDI
dn (2.2- 38)

= rVto., DS VDS=0o

Thus from equations (2.2-37a,b), we find

*gn =13n(VGS -VT.. -In (v'W V Ys-v )O (2.2-39)

For a system with ±5V power supplies this equation becomes

gn=O ( 5- VS - VT., . - In ( ,0+_s+5- for VTO,,Yn > 0. (2.2 - 40a)

Similarly for a p-channel pass-transistor

O forVT,,,-YP>0. (2.2-406)

If -i and -1p are assumed constant, the expressions for g, and gp are quite simple. -Y is
actually dependent upon the value of VBS since the depletion regioD around the source
will modulate the channel length. A more exact value of "-I" is given by y' defined by (for

*VD S 0).
In = -m(1 - as. - aD.) = -Yn(1 - 2as.) (2.2 - 41a)

where

CS, = 2 - (2.2- 41b)

WS, XD,, VI2F -VBS = XD, V 2 F,, + 5- VS (2.2 - 41c)

XD,, 2, (2.2 - 41d)XD vqN, u,.

Similarly,
jp = yp(1- 2as,) (2.2 - 42a)

a 3 X Fl 12 'sP~ (2.2 - 42b)

ws, = XD, - 2 4'F, + 5 + VS (2.2 - 42c)

X2 (2.2 - 42d)XD F-qN, ub,

* More details about this formulation can be found in 1191. The physical constants referred
to in equations (2.2-37a,b) through (2.2-42a-d) are contained in Table 2.2-9a. Also the
MOSIS recommended analog processing parameters for these same equations are contained
in Table 2.2-9b.
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Table 2.2-9a. Physical constants.

Constant Value Units
_ _ '8.85418E - 12 F/m

Jj 11.7 x e F/m
q 1.60218E - 19 C

Table 2.2-9b. Process parameters.

Value
Parameter Units

n - channel p - channel

K 3.286649E - 05 1.526452E - 05 A/V 2

Nub 1.aOE + 16 1.121088E + 14 1/cm 3

Vt. 0.827125 -0.894654 V 0
1 1.35960 0.87903 V1 /2

OF 0.6 0.6 V
Xj 0.401 0.40 g m
A 1.604983E - 02 4.708659E - 02 1/V
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Unfortunately, the model parameters contained in Table 2.2-9b are not consistent
0 with the accepted device physics of the MOSFET, thus the results from this analysis are

somewhat subjective. This anomaly stems from the basic extraction algorithm MOSIS
uses to come up with these so called "nominal analog process parameters". This extrac-
tion algorithm uses the standard parameter extraction technique of taking physical I-V
measurements of various fabricated test vehicles and then by fitting the experimental data

* to a device model via a standard curve fitting algorithm, the parameters of the device
model can be extracted. Unfortunately, the developers of this parameter extraction sys-
tem, knowingly used a subset of the level 2 SPICE model parameters. Secondly, they
did not constrain these parameters to be self-consistent or consistent with fundamental
solid-state physics. Thirdly, the power supplies they used in their extraction system were
most likely 0 to 5V, not ±SV. Lastly, their test vehicle and the associated measurements
were not focused on modelling the nonlinear characteristics of the MOSFET nor extracting
reasonable -v or N,,b SPICE parameters.

Conceptually, the S/H designer can minimize the effect of these nonidealities of the "on
0 resistance" by minimizing the on-resistance. This can be achieved by making the channel

lengths of the pass-transistors minimum length. Making the devices minimum length
introduces troublesome short-channel effects. The hand-analysis shown above does not
attempt to incorporate all of the short channel affects that typically plagues IC designers.
A more detailed analysis of these switches using the circuit simulator SPICE follows.

SPICE Analysis of n- and p-Channel Switches

With SPICE, the small-signal equivalent resistance can be computed by cascading the
* analog switch with a ideal independent voltage source Vs, and then performing a transfer

function analysis on this network for various values of VS, as shown in Fig. 2.2-13a. In this
analysis SPICE first determines the DC operating point for the circuit and then computes
the small-signal model parameters for each of the MOSFET's. From this small-signal
model then the input resistance (on-resistance) and other two port characteristics can be

• computed.

An alternative analysis technique is to cascade the analog switch with a linear resistor
Rbig of value approximately 1OX the expected on-resistance of the analog switch, as shown
in Fig. 2.2-13b. This will allow the switch S, to both float up and down as a function of

* the instanteous voltage vs, thus modulating the bulk effect of each of the pass-transistors.
Furthermore, the resistor Rbi, limits the voltage drop across the switch and closely models
the typical RC type relationship present in the S/H architectures, without the phase
shifting or frequency dependent components. Thus, if we excite this system with a large-
amplitude (±2V) low-frequency (lkHz) sinusoid, the instanteous voltage drop across the

• switch VDS and the instanteous current through the switch iD can be simulated from
SPICE. The effective instanteous on-resistance can be computed from the ratio ro =
VDS/iD. Though this is not exactly equivalent to the small-signal analysis technique,
the results are expected to be comparable. Note: this second technique has numerical
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(a) transfer function (b) transient

Fig. 2.2-13. SPICE analysis test setup to measure
effective on-resistance of an analog switch.
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resolution problems near vs = OV, since at this value both the current iD and voltage
drop VDS approach zero. This problem can be solved by applying a DC offset voltage
to the base of Rbig and thus moving the discontinuity to a location out of the range of
interest.

The graph shown in Fig. 2.2-14 compares the three equivalent on-resistances:

(1) Theoretical - The small-signal on-resistance computed from theoretical hand-
calculations, shown in Eqs. (2.2-40) through (2.2-42).

(2) Linearized - The small-signal linearized on-resistance simulated by a small-
signal SPICE analysis or transfer function characterization technique.

* (3) Instanteous - The instanteous on-resistance simulated by a large-signal SPICE
transient-analysis.

More specifically the plots shown in Figs. 2.2-14a and 2.2-14b are plots of the effective
on-resistance of a single n-channel and p-channel pass-transistors with L = 3Am and

• W = 4 um, as a function of the bias voltage Vs, with a ±5V power supply and the gate
voltage at the appropriate rail. The SPICE parameters used in these simulations are shown
in Appendix-A.

The two SPICE simulation techniques agreed quite well with each other for the pass-
* transistors biased in the active region, but once the devices started turning "off" or entering

weak-inversion, the two curves started separating some, since the large signal simulation
allowed the VDS to be non-zero and the small-signal simulation did not. Furthermore the
modeling of the weak-inversion region of MOS devices is poorly implemented in earlier
versions of SPICE. This variation was expected. Lastly, the simulation near the edges

* where the bulk-effect dominates the circuit performance is not expected to be accurately
depicted in Fig. 2.2-14, since the SPICE parameters NSUB and GAMMA are suspected
to be grossly mis-estimated by MOSIS, as previously discussed.

The hand-calculated results discussed earlier agreed in bmsic trends as can be seen
0 from Fig. 2.2-14, but quantitatively differ as described below.

(a) The bulk-effect started affecting the devices on-resistances at a much lower bias
voltage than is predicted by the SPICE simulation. This is particularly noticable
in the p-channel device.

(b) When the bulk-effect is non-dominate, the simulated on resistance differs from
that of the hand analysis by about 20%.

The differences between hand-cal-ulations and the simulated results can primarily be at-
tributed to the specific SPICE paraneters MOSIS supplies. Ideally, the SPICE simulation
should more accurately represent the physical system, although this accuracy remains in
question for these specific SPICE paremeters.
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On-Resistance Model

Motivated by the modeling problems in and near the weak inversion region of the
MOSFET I-V characteristics, only the region near Vs = OV will be considered. This
region coincides with the middle of the normal operating region for this device. In this
region, both the n- and p-channel transistor's on-resistance varies linearly with Vs, as
is shown in Figs. 2.2-14a and 2.2-14b. Thus consider the following macro-model for the
small-signal voltage dependent on-resistance, io0 .

Fo, :tron. (1 + mv 8Vs) (2.2 - 43a)

where

der (2.2 - 43b)ron. = ronVS =V

b de VS (2.2 - 43c)
= VS vs=ov

Here ron. represents the nominal value of ron, while the model parameter my. represents
the slope of the normalized ron as a function of Vs. This macro-model will be used to
model the 1Vt-order nonlinearities associated with the on-resistance of the simple analog
switches. The parameter my. can be thought of as a figure of merit for characterizing
nonlinearly of analog switches with good linearity corresponding to small values of my'.

These macro-model parameters were extracted from the previous results based upon
both theoretical hand-calculations and repeated small-signal linearized SPICE simulations
for different quiescent values of Vs. These parameters are shown in Table 2 2-10.

* Comments:

(a) As discussed before, the theoretical hand-calculation agreed quite well with the
small-signal SPICE simulation for the n-channel MOSFET, showing almost iden-
tical slope with a 20% increase in nominal on-resistance. The p-channel charac-

* teristics differed significantly between the two approximation techniques with a
50% decrease in slope observed for the simulation relative to the theoretical.

(b) Observe the change in slope my. and the nominal on-resistance fo. between the
two n-channel transistors and also between to the two p-channel devices. This

* shows that the n-channel transistor is less influenced by short-channkl effects with
a 20% change in my, and a 2.5% change in t,o, than the p-channel transistor
with a 45% change in my, and a 40% change in ro...

(c) The floating-well n-channel transistor showed a 40% decrease hi the nominal
* on-resistance in comparison to the regular n-channel transistor with the same

device sizes. This can be attributed to the bulk-effect sweeping majority carriers
(e) out of the channel. Also the nonlinearity or slope of "on was decreased 50%.
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Table 2.2-10. 101-Order nonlinear model for the p- and n-channel simple analog switches.

Device jj Theoretical Linearized 1

Type ___ L 0 fmvn, My [.. My

n-channel 4A~m- 3jsm 9.58kf) +0.51 10.70kfl +0.59
n-channel 12Am 9M -10.7Okf) +0.59 16.20kfl +0.37
p-channel 4jMm 3Am 16.2Okf) -0.37 8.Olkf) -0.35
p-channel 40Mm 30Mpum 17.94kf) -0.43 24.78kfl -0.35
floating n-chan. 4Mum 3Mum 8.OlkfI +03 .lfl +0.230

0

01
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This is noteworthy since this shows that for a complex model that includes bulk-
effects, short-channel effects and other complexities; the nonlinearity due to the
VGS dependencies of Eq. 2.2-39 contributes 50% of the overall error.

Complimentary Analog Switches

In the previous section, we analyzed the single device pass-transistor architectures
and attempted to determined the overall variation in on-resistance as a function of the
DC biasing of the source node. In this section the complimentary analog switches of Fig.
2.2-11c and d will be studied. In each of the single device architectures, the designer has
only the width and length parameters available for optimizing performance with the W/L
ratio fixed by specified on resistance. If the length is assumed minimum, to minimize
on impedance, the designer has no free parameters for optimizing performance. In the
case of the complimentary switches of Fig. 2.2-11c, the designer has control of the four
geometrical device sizing parameters, Lp, L,, Wp and W,,. With Lp and L,, fixed at
3pm to minimize on resistance, the ratio Vvp,/W, and the width W,, are convenient free

* variables. We shall refer to this ratio, Wp/W,, as "a",

def Wp(2.2 - 44)

The overall on-conductance gnp of the parallel combination of the two on-conduct-
ance per unit width of the n-channel transistor is, ideally, expressed as follows in terms of

gnp = gn + agp (2.2-45)

where g, and gp represents the unit voltage dependent on-conductance for the n- and
p-channel MOSFETs with unit channel-widths and channel-lengths of 4pm and 3/pm
respectively.

To better illustrate how the complimentary analog switch has an improved linear-
ity over the single pass-transistor class of switches, a family of plots of the effective unit
on-resistance of the standard analog switch as a function of both the source voltage Vs
and the design parameter a is shown in Fig. 2.2-15. This plot was based upon the re-
sults discussed previously in which the on-resistances of the discrete pass- transistors was
computed from multiple small-signal transfer function SPICE analysis. From these plots
it becomes evident that the design parameter a is a useful design tool for minimizing
on-resistance nonlinearities.

Minimization of On-Resistance Nonlinearities

There are three techniques presented here for minimizing the nonlinearities of the
on-resistance of the complimentary devices, which are as follows:

2.2-63



$000

7000

8000

7000 __ ___ _

4000

3 000

00

1000=70

0

-1.5 -. 5 .5 1.5
Va. Volts

Fig. 2.2-15. The effective small-signal simulated on-resistance of the standard
complimentary switch shown in Fig. 2.2-11c vs. the DC potential
Vs of the test circuit shown in Fig. 2.2-13a as a function of a the0
design parameter.
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Theoretical Approach - From equations (2.2-40a) and (2.2-40b) grp can be com-

puted as follows:

gnp "On, (5 -VS - VT.- -v( ~+ vs+ 5V 2))46
+OP (5 + VS VT0 - ' T(.2- 46)

This equation can be broken into two parts: a portion independent of Vs and a portion
0 dependent upon VS, i.e.,

+Ji +yV~ 0, (5 - Vr0 ,+ -1,.~gnp g T,.+I I

- (-'I/, + ipIPp)VO + 5 (2.2-47)
0gnfnn)(vs) =VsCPn - p) - 'n t(P+ VS +5- VI-+ 5)

- a-P P(OP - -vs + 5 - \/0 +,5) (2.2- 48)

where g(p is the linear on-conductanc(, component and g("'n is the nonlinear component
expressed as a function of V..

Before we attempt to minimize (non) effects, this function was first normalized with
respect to the average conductance gnp0 defined as

0 def I
gnpo = g nPiV,= 0 =fOn(5 VTO-' ( +s5Vo))

* Assuming 4' - .6V, this equation reduces to

gnp - O (5 - VT.. - 1.592"Yn) + a3p (5 - VT.0  - 1.592 -7)
(2.2-49)

The normalized nonlinear conductance shall be referred to as Aspn and is defined

* by the equation
(non)

(non) = gnp (2.2- 50)
Aip gnp(

Comments:

(a) For large reverse bias voltages across the source-d;ffusion/bulk junction the ef-

fective Vth of the MOS device increases due to the bulk effect, thus reducing
the VGS - Vth across the gate and forcing the device into the poorly modelled
weak-inversion region. In order to avoid this region and the inaccuracies associ-
ated with a simplified hand-analysis, only those values of Vs near zero will be
considered.

&.2-65



(b) In Eq. (2.2-48) the nonlinear component is composed of two parts, (a) the VGs
component, Vs(P., - aflp) and (b) the V8 s term or 'y-effect component.

(c) Of these two parts, the VGS component is well modeled, while the -y component
is not. The MOSIS process parameters used in the VGS component are easily
extracted from experimental data and thus expected to depict the process and
this aspect of the analysis accurately. The process parameters associated with
the -y component are not easily extracted. 0

Because of the above comments, it was decided to minimize or cancel only the lot -

order effects (i.e., VGS component) with the design parameter a. More precisely this is
accomplished by taking the following limite and solving for a.

li- V = 0, (2.2 - 51a)v" -.o 6 Vs

where A'o) is defined in eqs. (2.2-48) and (2.2-50). Thus using the process parameters 0
found in Appendix-A, we find

a= - 2.2

(2.2 - Sb) •

SPICE Simulation Min/Max Technique - Another approach to minimizing the
nonlinearities contributed by the voltage dependent on-resistances of the analog switch, is
to compute the effective on-resistance from either of the three methods of approximating
this impedance, (i.e, theoretical hand analysis, small-signal linearized SPICE simulation,
large-signal instanteous SPICE simulation), as illustrated by the family of curves shown
in Fig. 2.2-15.

The following heuristic figure of merit a for characterizing the presence of voltage
dependencies on a resistor will be used to characterize the complimentary switches.

= 100% X ,on(V, o-2V) - ro.(Vs+2V) (2.2 - 52)
T0ron(Vs'=OV)I

This figure of merit characterizes the worstcase variation in the on-resistance normalized •
relative to the nominal value of ron at Vs = OV. This is useful when the on-resistance
ro as a function of the Vs is a monotonic function, as illustrated by the smooth nearly
flat curves shown in Fig. 2.2-15. When ron is almost linear, the monotonicity can not be
ascertained from the curves shown in Fig. 2.2-15 but in this case, the nonlinearity would
be very small anyway. •

A plot of a versus a for each of the three approximation techniques is shown in
Fig. 2.2-16a, The following comments can be made.
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Comments:

(a) The small-signal 9linearized" and large-signal "instanteous" SPICE simulations
agreed fairly well, recommending channel-width ratios around 5 with a corre-
sponding figure of merit of less than 10% deviation from the nominal value.

(b) a for the two SPICE approximations was fairly insensitive to variation in a, as
signified by the broad shallow dip around a = 5, and thus the optimal a is fairly
insensitive to large process variation associated with the process parameters which
contribute to this nonlinearity.

(c) Hypothetically the relative variation in r, could be minimized to approximately
1%, given an exact characterization and modeling of the process was known a
prior to fabrication. Obviously this is not practical, but it does bring out the
point that the more exact our model is and the finer the control of the process is,
the better the circuit performance can be predicted and designed, thus yielding
a highly linearized analog switch.

* (d) The "theoretical" hand-calculations differed significantly from the SPICE simu-
lated approximations in the sense the optimal a was approximately 2.4 and was
much more sensitive to process variation. This can be attributed to the increased
sensitivity to the bulk-effect as was illustrated in the Fig. 2.2-14a and 2.2-14b.

* (e) The optimal a for the theoretical curve was very close to that predicted by the
earlier hand-calculation presented in Eq. (2.2-51) (i.e., a = 2.2).

The floating-well complimentary switch was compared to the regular complimentary
switch via the small-signal SPICE simulation approximation. The results of this compar-

• ison are shown in Fig. 2.2-16b.

Comments:

(a) Both curves look almost identical in shape.

(b) The floating-well complimentary switch showed an optimal value for a around 4
instead of 5 as before.

(c) Since there was no noticeable increase in the overall linearity of the analog switch,
utilization of this more complex structure (floating-well) is not particularly jus-
tifiable. This was not as expected and implies that the bulk-effect was non-
dominate. The hand-analysis should include a more elaborate model for short-
channel effects to more closely predict these simulated results.

SPICE Simulation Slope Technique - Motivated by the modeling problems in
* and near the weak inversion region of the MOSFET I-V characteristics; the lt-order non-

linear model developed previously and shown in Eq. (2.2-43) and tabulated in Table 2.2-10
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will be used to develop this equivalent model for the complimentary analog switches.

Let the n- and p-channel devices be modeled by the following equations:

Fn A rno (1 + mnVs) (2.2 - 53a)
- 1

aP A . (I + mVs) (2.2 - 53b)

where r.. and rpo represent the nominal value of r.,, formerly referred to as r Also
the terms m, and mp represent the slope of the normalized on-resistance, formerly mv.

Now the effective on-resistance rp of the complimentary analog switch can be ex-
pressed as the parallel combination of these two models, or rather

rp fnp (2.2 - 54a)
SrFn + Fp

- rn0rp. (1 + mnVs) (1 + mpVs) (2.2 - 54b)
(arno + rpo) + (arnomn + romp) Vs"

Therefore the slope of the normalized on-resistance of the complimentary switch at Vs -

OV is as follows:
def rPO , M e + r° n(2.2 -

n = -22- 5a=6 Vs=OV arno + ro5

where
_np = non (2.2 - 55b)
arn, + rpo

This slope represents the 1t-order nonlinearity of the on-resistance of the complimentary
switch as a function of the 1 t -order nonlinearities of the n- and p-channel pass-transistors.
To minimize this nonideality via the design parameter a

let mnp = 0 and solve for the corresponding a, i.e.,

ao mnrp,
mrn". 

(2.2 - 56)

Note this technique eliminates nonlinearities near the middle of the input voltage swing
and not for the full range signals, a was computed from Eq. (2.2-56) and the model data
contained in Table 2.2-10. These results are presented in Table 2.2-11.

The n-channel device sizes and the p-channel length shown in Table 2.2-11, indicate
the intended sizes, while the width of the p-channel is intended to be multiplied by a for
optimal performance. Note also the channel-widths of both the n- and p-channel device
can be scaled up together to decrease the on-resistance of the complimentary switch, as
long as the ratio remains constant.

This analysis agrees quite well with that predicted by the "SPICE Simulation Min/Max
Technique".
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Table 2.2-11. Optimal design values for a based upon Eq. (2.2-56) and the para-
metric data contained in Table 2.2-10 as a function of the switch
type and the unit device size prior to scaling by a.

Switch n-chan p-chan I_____a_____
TypeWLW IL ~jTheoretical Linearized

Standard j4sm 3Am 14Mm mm 2.3 5.1

Floating j4pm 31m] 4pm 3j3m 1.9 4.0

Standard 121Am 9jm j401m J3Opm 2.3 4.30

2

0
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Conclusions

The results presented here show a large shallow minimum associated with determining
the "optimal" alpha's. From the evidence presented in this section the following observa-
tions can be made:

(1) The optimum a lies somewhere in the range of 2.2 to 5, with an associated error
(a) somewhere in the range of 30-50%. The recommended value for a is 3.2 with
a corresponding expected value for a of 30%, as approximated by the intersection
of the "theoretical" and "instanteous" curves, as shown in Fig. 2.2-16a.

(2) The validity of the MOSIS SPICE model parameters for this type of analysis are
questioned.

(3) The optimum a can be extracted from experimental measurements as those an-
ticipated from the test vehicle discussed in section 5.16.

(4) If a circuit design relies on matching or exact device sizes to cancel out these
complex nonlinearities, the design is doomed from the start. This should only
emphasis how important it is that this nonideality be designed ouL instead of
designed with.

Voltage Dependent Diffusion Capacitor Nonlinearities:

The basic MOS technology depends upon the source and drain diffusions being re-
versed biased with respect to the bulk or well, thus providing isolation from the bulk/well
and also preventirng unwanted large forward biased currents. Accompanying these diffu-
sions is a parasitic capacitance formed by the depletion region surrounding each of these

* reversed biased p/n-junctions. This parasitic capacitance has two dominant effects on
switch performance:

(1) It adds extraneous load capacitance to internal nodes of the analog network, thus
resulting in additional parasitic poles.

0
(2) The value of this parasitic capacitance is highly dependent upon the magnitude

of the reverse bias across the p/n-junction and thus injects voltage dependent
nonlinearities in the host network.

• This section focuses on the magnitude of these nonidealities and on layout strategies
to minimize their effects.

Since this parasitic capacitor is voltage dependent, it can be treated as any other
nonlinear device by

(a) determining the DC bias point (i.e., the amount of reverse bias across the p/n-
junction, which shall be referred to as VBS or bulk-source voltage)
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(b) computing its effective small-signal linearized AC equivalent parasitic capacitance
Cpr. about this operating point, such that

Cp=4 6dj (2.2 - 57)bVss'

where Qi represents the charge stored in the diffusion region and VEs is the
voltage drop across the capacitor. 0

Theory

This parasitic capacitance is well characterized by existing models, and the corre-
sponding process characterization parameters are easily extracted from experimental data.
This capacitance is typically broken into two parts, (1) a sidewall capacitance which is a
function of the perimeter of the diffusion and (2) a bottom plate capacitor which is a
function of the lateral junction area A,. These parasitic capacitances have different char-
acteristics because of a field implant surrounding the perimeter Pj of the diffusion. Also 0
because of this implant the perimeter does not include the perimeter adjacent to the chan-
nel 1201.

The capacitance model [19] is as follows:

Cpar (ID) + PCi 0 (2.2-58)

where the process is specified by five constants: C. the zero-bias bottom junction capac-
itance density (per unit junc on area), Ci,v the zero-bias junction sidewall capacitance
density (per unit perimeter length), M the bottom grading coefficient, Mi,w the grading
coefficient of the sidewall, and OB is the bulk junction potential (typically 0.8V).

For the MOSIS 314 CMOS process the area and perimeter of the source and drain can
be related to the channel-width of the MOS device for a minimum size layout. It will be
assumed that the drain and source perimeters and areas are characterized by the equations

Small Devices: W < 71um

AD = As = 49im 2 + (2pm)W (2.2 - 59a) •

PD = PS = 321m - W (2.2 - 59b)

Medium Devices: 7jtm < W <- 50 rm

AD = As = (8gum)W (2.2 - 59c) •

PD = Ps = W + 16 m (2.2 - 59d)

2.2-72



Large Devices: W >- Sopm

AD = (8'&m)W (2.2 - 59e)

AS = ( 14m W (2.2 - 59f)

PD = W + 32,m (2.2-59g)

Ps = 18Anm (2.2 - 59h)

Simulation

* From this theory, n + and p+ diffusion capacitors were simulated with channel-widths
of 8 im over the full scale range of ±2V with the bulks at ±5V. The results of these two
simulation are shown in Fig. 2.2-17 and are labeled Cn and Cp.

Comments:

(1) For the n-type diffusion, as Vs was increased, the junction formed by the n +

diffusion and the p- bulk/well at -5V became increasingly reversed biased. This
increases the width of the depletion region surrounding the junction and thus
decreases the small-signal capacitance Cn.

(2) Similarly, the p-type diffusion exhibited a increase in capacitance CP as Vs was
increased, since this was decreasing the reverse-bias.

(3) By placing the two nonlinear capacitors in parallel the parasitic effects tended
* to cancel each other, in a similar manner as did the on-resistance nonlinearities

cancel in complimentary switch. Note: It is very common in analog IC design for
internal nodes to have both a parasitic n + and p diffusions attached. This is
illustrated by the plot of CnP in Fig. 2.2-17 which is of the parallel combination
of Cp and Cn, each sized at 8 X 8M 2 .2

(4) The optimal ratio between the area of the n + diffusion and the area of the p+
diffusion is approximately 1:1.

0 Conclusions

The overall percent change in C, with respect to the nominal capacitance C,", defined
as C,, at Vs = OV over a ±2V range, was as follows along with corresponding results for

Cp and Cpn.
AC, = 32% ACP = 31% ACnp = 5% (2.2 - 60a)

A 6x improvement can be gained by sizing the p+ and n+ diffusions the same size, with
an approximate parasitic capacitance of
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Clock Feed Through Effects:

The clock feed through problem originates from a capacitive coupling between the
gate and the channel of a MOSFET. This coupling allows the control signal which turns
the device "off" and "on" to feed through into source and drain nodes. In applications
where the switch is used to store charge on a capacitor, which is regularly required in
switched-capacitor and sample and hold circuits, this feed through distorts the charge
content and associated potential of the drain and/or source nodes. The term clock or clock
feed through originated from the two phase clock controls lines found in switched capacitor
circuits, which has been a driving force in studying this phenomena and understanding it.

Before this problem can be addressed, the coupling capacitor must be identified and
discussed. This coupling capacitor is composed of two components,

(1) the overlap capacito" C., formed between the edge of the polysilicon gate and
the portion of the source and drain diffusions that have laterally diffused under
the gate (typically sm - !Am); and

(2) the gate capacitor CG formed between the gate and the conductive charge in the
channel.

The first capacitor is a voltage independent parallel plate capacitor tied between both
the gate and source nodes and the gate and drain nodes of value

C,, = CoZWLD = _,OWLD, (2.2 - 61)

where W is the channel-width, LD is the lateral diffusion length, E,0 is the permittivity
of Si0 2 , and T,, is the thickness of the oxide.

The second type of capacitor is operation region dependent and is complicated by
the concept of a channel and how it relates to the four terminals of a MOS device. For
instance, if an NMOS transistor is "off", meaning that the gate is at a low potential, then
the gate depletes the concentration of majority carriers in the region underneath the gate
or channel to the point the channel is non-conductive. Since the available free minority
carrier (holes) concentration is minuscule, there is no attributable charge in the channel.
But now if we slowly turn "on" the device by increasing the gate potential, electrons will
collect in the channel. Thus if we assume this charge is evenly distributed underneath the
channel, or rather that the source and drain nodes are at the same potential, then the
effective gate capacitance is a function of the width and length of the gate and the oxide
thickness, given by the expression

CG = CozWL. (2.2-62)
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where W and L are the width and length of the channel, and Co, is the gate capacitance
density. This distributed capacitance is typically lumped for analysis purposes by dividing
it equally between the source and drain nodes such that,

CGS = CGD= CozWL +Cov. (2.2-63)
2

Now if the source and drain nodes are no longer constrained to be at the same po-
tential, then the node with the higher potential (commonly referred to as the drain) will

0 attract more of the e- towards it thus cause a skewing effect in charge distribution. If the
voltage drop between the source and drain VDS is increased even more, then portions of
the channel near the drain terminal will be depleted of almost all charge. In this situation
the channel is "pinched off" and the device is now operating in saturation. In this mode
it is a standard practice to attribute 2 of the gate capacitance CG with the source node
and none with the drain node, as expressed in Eq. (2.2-64) [21].

2
CGS = -CozWL + C,, (2.2 - 64a)

3
CGD = Coy (2.2 - 64b)

Fortunately, th. analog switches currently under investigation are assumed to have
very little voltage drop across the pass-transistors, and thus they are operating in the
active or cutoff regions, and particularly, not in saturation.

From the above discussion it should be obvious that as a device goes from the "on"
state (active) to the "off" state (cutoff) the distributed charge in the channel must be
dissipated to the source and drain nodes. If we think of the channel while in the active-
mode as a conductor shorting the source and drain nodes, then when the gate is turned
"off" the charge in the channel can exit by either path (source or drain). Thus the external
impedance loading of the source and drain nodes plays a vital role in determining how this
charge is redistributed. The concept being illustrated here is that if the gate voltage
is instantaneously turned "off", the charge in the channel becomes highly motivated to
evacuate the channel, thus taking the path of least impedance. For example, if the external
load impedance differed between the two nodes by a factor of two, then it would be
expected to see twice as much charge leave by the way of least impedance over the other
pathway. The worstcase loading would result in the entire charge C0zWL(Vas - VTE)
being redistributed onto the source (drain) node, given the loading impedance on the
drain (source) node is so great that it restricted the flow of charge in this direction.

In typical S/H applications the loading impedance on the source and drain nodes
of the analog switch are predominately capacitive, thus in order to isolate or protect a
node from this feed through effect, additional load capacitance can be added to the other
node. This phenomenon is discussed well in references [221, [23], and [241, and illustrated
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in Fig. 2.2-19, where the ratio of the amount of charge QL dumped on a load capacitor
CL to the amount of charge initially present in the channel Qch is plotted as a function
of (1) the ratio the source capacitor Cs as shown in Fig. 2.2-18 to the load capacitor CL,
and (2) the fall rate of the clock signal expressed as a dimension-less quantity

(VH - VTR) U (2.2 - 65a)

where VTE is the effective threshold voltage, P = C¢oE w, and U is the fall rate.

Comments:

(1) For slow clock transitions the charge in the channel had ample time to redistribute
itself before much charge had time to exit the channel region, as evident by the
left-hand side of Fig. 2.2-19.

(2) For a fast clock transition or fall time, the charge in the channel had no time to
redistribute, and thus fled this region by the path of least impedance, as evident
by the right-hand side of Fig. 2.2-19.

Complimentary Analog Switches

Both the n- and p-channel pass-transistors are subject to the above clock feed tbrough
phenomenon, with a somewhat cancelling effect, since the clock signal driving the n-
channel device is trying to inject e- onto the source and drain nodes, while the clock of
the p-channel transistor is trying to inject holes onto these nodes. Unfortunately, the p-
channel device is typically 2-5 times bigger than the n-channel device, thus this cancelling
effect could realistically contribute only to a 20-50% reduction in clock feed through.

The above description of the complimentary switch is over simplified. In actuality, the
p- and n-channel devices do not switch simultaneous, thus affecting the load impedance 0
seen on the source and drain nodes as the first device turns "off". This effect is complex to
analyze, involving time dependent differential equations modeling the distributed charge
in the channel. The results of this analysis as shown in Fig. 2.2-20, show the amount of
switch charge injected onto a 5pF load capacitor when a complimentary switch was turned
"off", as a function of the time delay td or skew between the n-channel and p-channel
clock waveforms, as a function of the n-channel clock rise times tG for a fixed p-channel
clock fall times tGp = 10risee [241.

Comments:

(1) In the results shown in Fig. 2.2-20, the p-channel and n-channel pass-transistors
had the same size, thus for equal rise times and fall times, and for a clock time
delay td of zero, the charge injection was zero.
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Fig. 2.2-18. Test circuit for modeling the clock feed through effects or switch
charge injection of a single MOS device as used to generate the
results shown in Fig. 2.2-19. Courtesy of the Department of Elec-

• trical Engineering and Information Sciences Institute, University of
Southern California [231.
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Fig. 2.2-19. Percentage of channel charge Qch injected in the data-holding node
and CL, for the test circuit shown in Fig. 2.2-18. A family of curves
corresponding to various CS/CL ratios (listed to right of curves)
has been plotted. Courtesy of the Department of Electrical Engi-
neering and Information Sciences Institute, University of Southern
California [231.
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Fig. 2.2-20. Theoretical clock feed through or switch charge injection onto a
5pF load capacitor when a complimentary switch was turned "off",
as a function of the time delay td or between the instants the n-
channel clock starts to rise and the instants the p-channel clock
signals starting to fall, both with the intention of turning off their
respective device. The family of curves shown here represents dif-
ferent n-channel clock rise times tG for a fixed p-channel clock fall
times tGp = 10aec. Courtesy of Kath. Universiteit Leuven, Dept.
Elektrotechniek [13].
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(2) The steep transition region in the middle of each of these curves was of length
slightly smaller than the sum of the two gate rise and fall times, (i.e., tG + top).
Thus the flat regions to the left and right of steep transition region depicts the 0
worstcase situation, in which one device is turned "off' completely prior to the
other transistor starting to turn "off".

(3) These plateaus have nearly equal heights, supporting the hypothesis that the
worstcase charge injection is for the case of a single n-channel or p-channel tran- 0
sistor turning "off" by itself. The equal height was expected since the device sizes
were equal and the Cox parameter is constant for the n- and p-type devices.

Conclusions 0

The clock feed through effects examined here, can be reduced by the following design
strategies:

(1) Increase the load capacitance CS to 3-5 times larger than the data-holding load 0
capacitance CL. This should approximately reduce the feed through effect by a
factor of 3-5 compared to the case in which Cs is excluded completely, (assuming
fast clock transitions).

(2) For complimentary switches, time the pass-transistors to switch at exactly the
same time, with as fast a clock transition as possible. Furthermore if timing jitter
is a problem, then it would be advantageous to switch the larger device off first,
since this device has more charge in the channel to feed through. Typically the
n-channel pass-transistor is 3 times smaller than the p-channel device, thus by
switching the p-channel transistor off first, would reduce the clock feed through
by a factor of 3.

(3) Lastly, make the devices as small as possible, thus restricting the amount of
available ch arge in the channel to feed through.

A pesimistic practical estimate of this coupling capacitor for a complimentary switch •
would correspond to the entire gate to channel capacitance of the n-channel pass transistor,
(i.e., CGS = CoZWnLn where Wn and Ln correspond to the channel-length and -width
of the n-channel pass-transistor). Typically with good design techniques as listed above,
this number can be reduced at least by a factor of 2 and possibly as much as a factor of 5
or 10.

In light of the intended S/H application for these switches, the impact of the charge
injection problem appears in two areas: (1) it induces a DC offset voltage V1, on the hold
capacitor CL; and (2) this offset voltage is dependent upon the instanteous value of the
source voltage vs, which causes nonlinear distortion of the samples. The DC offset voltage
can be canceled jut by the Sampling Algorithm, but the voltage dependence or nonlinear
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distortion can not. This is quantified as follows.

Consider the charge injected by the gate-source coupling capacitor, CGS. This charge

is Q~h = CGSVGS, where vGS VG - vs (typically 3V-7V). VC corresponds to the DC
"on" gate potential (typically either ±5V), and vs is the instanteous source potential.
Thus the effective offset voltage generated by Qch being dumped on to the load or holding
capacitor CL would be

CGSCoC 5VO=VGS 3V CS <V.7V Cs (2.2 - 66a)
CL CL CLCGs

VC = 5v + 40%. (2.2 - 66b)

The percent variation in V., relative to the input-signal range of 4Vp-p as induced by
vs varying between ±2V is quantized as follows based upon Eq. (2.2-66b):

* AVoo = ± 2 00 COzWPLP % (2.2 - 67)
CL

The impact of Vo, variations is discussed late in the context of the specific S/H architec-
tures.

* Leakage Current:

The source and drain diffusions associated with the n- and p-channel MOSFETs are
reverse-biased p/n junctions, each with an associate reverse-bias leakage current. This
leakage current is primarily a function of the area of the diffusions, and is determined by a

0 complex relationship involving surface effects, the generation and recombination of carriers

in the depletion layer, and the tunneling of carriers between states in the bandgap 125].
Because of this complexity, a simplified analysis is presented below, based upon Einstein's
relation and the Shockley equation. In this model, J,,, represents the current density of
the reversed biased pn junction and must be multiplied by the junction area to determine

* the total diode current. The numerical results presented here were derived from the MOSIS
process parameters as contained in Appendix A and experimental measurements on the
test devices.

J-ev,= Jdif + J9 ,,, 0.28 ( pA) (2.2 - 68a)

Jdif= q (DP'L + DnN ) =0.281 ( ) (2.2 - 68b)

1 n, 0.464Wj ( A (2.2 - 68c)

D k = p 1.25 x (2.2 - 68d)
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,= =, = 3.51 x 0-  (2.2 - 68e)

L, = JV-O 77 × 10- 3 (,n) (2.2 - 68f)

L, = 2.96 x 10- (in) (2.2 - 68g)

ND = 3.01 X 1015 (2.2 - 68h)

N, = 1.458 X 10"' (2.2 - 68i)

Here the overall reverse-bias current den.sity Jru is computed as a function of two
components: (1) the reverse-biased current density component caused by minority carriers
diffusing across the depletion region Jdif f, and (2) the component due to the generation •
and recombination of carriers in the depletion region Jge9. Of these two components it
is anticipated that the diffusion current density Jdiff will dominate over the recombina-
tion/generation component. The parameter Wj corresponding to the junction width is
unknown. For p+ diffusions the leakage current would be caused by e- or minority car-
riers diffusing across the depletion region towards the positive rail into the n-well/bulk.
Similarly the leakage current in n+ diffusions are characterized as holes being swept into
the p-well/bulk towards the negative voltage rail.

Conclusions 0

Because of the basic logistics of this phenomenon, as discussed above, the n+ and p+
diffusions have opposite characteristics - one is trying to charge up a node, and the other
is trying to discharge this node. Thus in the case of complimentary switches the presences
of both n+ and p+ diffusions on the source/drain nodes of the analog switch implies that 0
there is some inherent cancellation of this effect associated with this basic architecture.

In light of the specific S/H application, the analog switch is the primary cause of
charge leaking off of the hold capacitor, but there is one physical aspect that is overlooked
in this discussion; and that is for charge to leak off of a capacitor, both the top plate and 0
bottom plate of the capacitor must have current paths available. Thus if one side of the
capacitor is much better isolated than the other, it will predominate the leakage effect and
reduce the overall leakage current.

The leakage current for both p+ and n+ diffusions has been estimated around 0.28-.

2.2.2.3b Sample/Hold-I

The simplest of the three S/H architectures, referred to as S/H-i, is described here.
This is followed by a discussion of inherent performance limitations of this structure.
These limitations cause minor reductons in the input voltage swing and major reductions
in performance at high frequencies. Experimental results for this architecture are provided
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in Section 5.2 of this report.

Description:

The circuit schematic for the S/H-I cell is mhown in Fig. 2.2-21a, with its associated
timing diagram contained in Fig. 2.2-21b. When the Sample signal is high, the S/H is
in the track-mode. In this mode of operation the "sampling" analog switch S, is turned
"on" and the input signal Vi is connected across the hold capacitor Ch. In tiis mode if
the analog switch S, is modeled as a voltage dependent on-resistance r, as discussed in
Section 2.2.2.3a, then the circuit can be reduced to an equivalent RC network as shown in
Fig. 2.2-21c.

When the Sample signal is thrown low, the analog switch S, is opened and the hold
capacitor Ch is electrically isolated from the input signal Vi. This transition is referred
to as "sampling", and the resultant mode of operation termed the "hold-mode". The
equivalent circuit in this mode is shown in Fig. 2.2-21d. The voltage Vh across the hold
capacitor is ideally the instanteous value of the input signal grabbed at the instance the

* analog switch was opened. This sample and held voltage Vh is buffered by an Operational
Amplifier who's output V,, is supplied to an A/D converter for conversion into a digital
word.

The capacitor C, was added to ti' network to help reduce the clock feed through
• generated by turning "off" S,.

The analog sampling switch S, is the floating-well complimentary analog switch shown
in Fig. 2.2-11d, and discussed in detail in Section 2.2.2.3a. This switch was designed to
maximize its ability to linearly track a high-frequency input signal and to minimize clock

• feed through during the sampling transition. The sampling switch is an analog transmission
gate compensated for signal voltage dependencies in the on-resistance of the switch over
±2V operation. This nonlinearity distorts the input signal being sampled. The device sizes
for this analog switch and the associated sample/hold component values are contained in
Table 2.2-21.

0
Performance Limitations:

This S/H architecture was designed in accordance with DCASP-1, thus the intended
input signal swing and input frequency was ±2V and 2kHz to 5MHz. The basic motiva-
tion in this design is to maximize the channel-to-channel accuracy of "sampling" large-
amplitude high-frequency input signals. The performance limitations shall be broken down
into three classifications, track-mode, sampling transition, and hold-mode limitations. A
discussion of these limitations for this S/H structure follows.
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Table 2.2-12. Device sizes and component values for S/H-i
circuit schematic of Figures 2.2-21a and 2.2-lid.

Compoent ~ Size

Comont I L Value

_______ 
8,um 3ism

Ml2  414m 3Asm __

M 3  52M4m 3Mim __

M4_____ 26Mum 3Mm ___

C1  ____ 2pF

* Ch___ 7pF
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Track-Mode 0

In the track-mode the performance issue at hand is how well does the voltage across
the hold capacitor, Vh track the input signal Vi. The primary limitations discussed below
are the channel-to-channel gain and phase mismatch caused by (1) voltage dependencies in
the on-resistance of the analog switch S,, and (2) the voltage dependencies in the parasitic
diffusion capacitors (associated with the drain/source diffusions of S.) in parallel with Ch.
Before these nonidealities can be addressed, the gain and phase must be defined.

The on-resistance of S, is in series with the hold capacitor Ch. If tht circuit is
assumed linear, this switch impedance produces a single pole at 1 .At high operating 0T C)

frequencies, this pole can cause a significant reduction in measured signal amplitude. The
frequency response of this single pole network from Vi to Vh in Fig. 2.2-21c is as follows:

IIh +12(.2 - 69a) ==

LA, = -tan-(-) (2.2 - 69b)
'p

where def 1

2fr.Cj (2.2 - 69c)

For the design specified in Table 2.2-12, this S/H structrue has an approximate pole
location of 8MHz. This response shows significant reduction in gain and shift in phase for
input frequencies in the MHz range as shown in Fig. 2.2-22. If we assume that fp for the
two channels are ideally matched, then the Sampling Algorithm will cancel out this effect.
Unfortunately, the frequency responses are not well matched, since the on-resistance and
parasitic diffusion capacitors are both voltage dependent. This distorts the apparent pole
locations as the instanteous input voltage swings vary between its extreme values.

This effect shall be examined by a sensitivity analysis on the gain and phase expres-
sions of Eq. (2.2-69), as follows:

Sf ± ii"L (2.2- 7oa)

SA
I . Ld A*.

- +-.. () (2.2 - 70b)

-LA, deLA . f

-f SP, = (2.2- 70c)
2+ --
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Fig. 2.2-22. BODE plot of the equivalent circuit shown in Fig. 2.2-21 for the
$/H-I operating in Track-Mode. (r. is nominally 2.85kO] based
upon devices sizes contained in Table 2.2-12.)
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SIP = - -1 (2.2 - 70d)

The results of this sensitivity analysis are shown in Fig. 2.2-23. Eq.(2.2-70a) represents
the sensitivity of the gain JAVI with respect to movement of the pole location fp, thus from
equation Eq. (2.2-71a) below, the overall percent change in iAI (AIAI) due to changes
in r, can be estimated from the percent change in r. (Ar.).

5i1w .i 5I,
AIAl z X SI x Ar, (2.2 - 71a)

Similarly, in Eq. (2.2-70b), the sensitivity of the phase angle was computed as a function
of fp. This result is of limited use, since the ideal value of LA, is 0. A better indication of
the effect of fp on the phase is provided in Eq. (2.2-70c), which is normalized with respect
to I instead of the actual angle. Thus from this equation the overall variation in the phase2
angle in radians is /ZA. Sfo

ALA, ;:z SfL x r. x Ar° (2.2 - 71b)

Similar expressions can be derived in terms of Ch.

Based upon the on-resistance nonlinearity analysis discussed in Section 2.2.2.3a, the
on-resistance of the analog switch varies by ±15% from its nominal value.

r, - 2.85kfl ± 15% (2.2 - 72a)

The ±15% change shown in here is an estimation of the overall percent change in resistance
because of voltage dependent effects over a ±2V range.

The effective value of the hold capacitor including parasitic capacitances attributed
to the n+ and p+ diffusions of the physical layout is shown in Eq. 2.2-72b.

Ch - 7pF + (50fF ± 10%) = 7.05pf ± .07% (2.2 - 72b) 0

The nonlinearity contribution due to the parasitic capacitance is small compared to that
due to the on-resistance.

By applying these estimates of nonlinearity to the results of the sensitivity analysis,
(i.e., Eq. (2.2-71b)), we find that at 5MHz the corresponding gain jitter is in the range
of 13-14%, as shown in. Fig. 2.2-24. Shown here is the approximate gain error due to
nonlinearities as a function of input-frequency. Note the near linear relationship between
the input-frequency and the percent error in gain, approximated by the expression shown
in Eq. (2.2-73). AllA,,ll 3. f(- % ) (2.2-73)

IAv I I.58
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One way to reduce this error term is by increasing the channel-widths of both the
n- and p-channel pass-transistors in the analog switch S.. This unfor' ,ately will also
increase the clock feed through and the parasitic capacitance nonlinearity.

Sampling-Transition

The primary contributor to sampling transition related errors and the only one con-
sidered here, is the clock feedthrough generated by switching S. "off". This feedthrough
component is proportional to the size of the pass-transistor devices, as discussed in Sec-
tion 2.2.2.3a. From this discussion it was concluded that the worstcase variation in this
offset voltage was estimated as that shown in Eq. (2.2-67). Thus for the specific device
sizes as listed in Table 2.2-12, the overall worsteae clock feedthrough error would be
±0.5% relative to the full scale input voltage range. Optimistically, this error is expected
to be in the range of ±0.1% to ±0.25%, since there is some cancellation effects of the
complimentary switch, and from the capacitor C1.

Hold-Mode

There are two error sources that contribute to the overall sampling error, once the
S/H is in hold mode: (1) the leakage current associated with the source/drain diffusions
attached to the top plate of the hold capacitor, and (2) the input offset voltage of the
buffer adding an offset to the overall output voltage V0.

For this particular process the leakage current is directly proportional to the area of the
diffusions connected to the top plate of the hold capacitor, as discussed in Section 2.2.2.3a.
For the device sizes used in this particular design, the leakage current has been estimated
at 14pA based upon Eq. (2.2-68a). This causes the hold voltage to drift at a rate of
2.1-JY- . That can be related to a 0.05% error relative to a full scale 4Vp_P input signal inpaec
a lmsec. time frame. This is much longer than the amount of time required for the A/D
to convert this sample and held signal to a digital output word.

*@ The offset voltage is signal independent and can be easily canceled by the Sampling
Algorithm and will not be considered here.

Conclusions:

* Based upon the above performance analysis, the S/H-1 cell was determined to have
three dominate performance limitations, (1) the nonliDearity originating from the volt-
age dependent on-resistance of S, which increased linearly with frequency; and (2) the
nonlinearity induced by the voltage dependent clock feedthrough of S, which contributed
approximately 0.5% error relative to a full scale input voltage (3) the frequency dependence

* of the gain. During the design process of the S/H-1 cell the clock feedthrough error was
fixed at 0.5%, thus determining the device sizes shown in Table 2.2-12, and also determin-
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ing the frequency dependent on-resistance error component such that at approximately
125kHz this error term will contribute the same amount of error as the clock feedthrough 0
component (0.5%). This yields an effective 8-bit accuracy at low frequencies, a 7-bit accu-
racy at 125kHz, and a 6-bit accuracy at 400kHz, in terms of the final digital word length
generated by an external A/D.

The major inherent design limitation of this architecture is that the two aforemen-
tioned nonlinearities have conflicting design criterion. Nonlinearities in the on-resistance
of S, decrease with the size of the hold capacitor whereas clock feedthrough effects increase
with Cn.

2.2.2.3c Sample/Hold-2

Driven by the frequency limitations of the S/H-1 architecture, the following architec-
ture was developed based upon feedback, null-port, and offset voltage cancellation tech-
niques. The S/H structure discussed here (1) cancels out the input offset voltage of the
OpAmp, (2) improves the frequency response of the S/H in the track-mode by reducing
the on-resistance of the sampling switch, and (3) minimizes the voltage dependency in the
clock feedthrough thus reducing this nonideality to a small DC offset voltage, which can
be cancelled out by the Sampling Algorithm. This S/H is referred to as S/H-2.

The basic architecture and its inherent performance limitations are described below.
Corresponding experimental results are presented in Section 5.13.

Description:

A block diagram for the S/H-2 cell is shown in Fig. 2.2-25a with its associated timing 0
diagram contained in Fig. 2.2-25b. The operation of this circuit is as follows.

Consider initially the circuit in the track-mode in which the "track" switch St and
"sampling" switch S. are both closed and the "hold" switch Sh is open. If we model the St
and S, switches which are "on", as voltage dependent on-resistances, denoted as rt and r,
respectively, then the operation of this circuit is depicted by the equivalent circuit shown
in Fig. 2.2-25c. In the track mode, the negative input terminal of the OpAmp is biased at
the offset voltage of the OpAmp Vos, thus in steady state and at low frequencies (where
rt and r, are negligible), vH is equal to the input voltage minus the offset voltage of the
OpAmp, i.e., •

VH(t) = vI(t) - Voa (2.2- 74)

Now if the switch S, is opened at time t,, the bottom plate of the hold capacitor Ch is
electrically isolated and the input voltage vj is essentially 'sampled". Note that when S, S
was opened charge is injected on to the bottom plate of the hold capacitor, but fortunately
this clock feedthrough component is independent of the input voltage, since the potential
on either side of the switch is ideally zero.
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Now with S. open and C& isolated (in particularly from any clock feedthrough compo-
nents) the top plate of the capacitor is disconnected from the input signal by opening the
'tracking" switch St, and then connected to the output by closing the "holding" switch Sh.
This places the S/H in the hold-mode, with the so called "sampled" input signal buffered
and available on the Vo node, as shown in the equivalent circuit in Fig. 2.2-25d. Thus the
expression for the output voltage is

Vo(t) = vH(ts) + Vos = vi(ts) - Vos + Vos = v1(ts) for t > t. (2.2- 75) 0

Notice that this architecture is intrinsically independent of the OpAmp input offset voltage,
and that the finite on-resistance of the Sh switch is not considered here, since the output
signal at this point is essentially DC.

The analog switch S, is a single n-channel MOSFET, while the other two switches, 0
St and SA are the regular complimentary switches who's circuit schematic is provided in
Fig. 2.2-11c. The device sizes for these analog switches and the other S/H components are
shown in Table 2.2-13. The two capacitors C, and C2 were added to the circuit to reduce
clock feedthrough. 40

Obviously this structure was not designed strictly to cancel offset problems associated
with the OpAmp. Its primary benefit is that it reduces the high-frequency track-mode
nonlinearities associated with the analog switches and thus allows the S/H to more ac-
curately track the input signal. More specifically analysis of the track-mode equivalent
circuit shown in Fig. 2.2--25c, assuming the open-loop gain of the OpAmp is frequency •
independent of value A, yields a single pole at

WP= 1 . (2.2- 76)
(rt + +A) c(

Note, the on-resistance of the rt switch can be greatly decreased since it is no longer
constrained in size by the clock feedthrough phenomenon affecting the hold capacitor.
Furthermore the effective on-resistance of r. is reduced drastically by the open-loop gain
of the OpAmp, as is inherent in this architecture.

These aspects of the design will be discussed in more detail in the following perfor-
mance limitations section.

Performance Limitations:

This S/H architecture was designed in accordance with DCASP-2, thus the intended
input signal swing and maximum input frequency was ±2V and 5MHz. The performance
limitations of this architecture shall be broken down into three classifications, track-mode,
sampling transition, and hold-mode limitations.

Track-Mode
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Table 2.2-13. Device sizes and component values for S/H-2
* circuit schematic of Figures 2.2-25a.

Component un-channel p--channel Value
L L

* 5,S 12Mum 3 um~ __ __

St 9jim 3 um~ 23Mum 3Mm

Sh 9M 31m~ 23Mum 3Mm
C1  _____ 5pF

* C2  _____ pF

__ __h_ _ __ _ _ _ _ _ .5pF

0

0
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Fig. 2.2-26. Circuit schematics for frequency-domain analysis of S/H-2 in track-mode.
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To better understand how the high-frequency track-mode nonidealities associated
with the finite switch on-resistances and the finite frequency response of the OpAmp
limits the ability of this circuit to track the input signal vt, consider tl.! following high

* frequency analysis of the track-mode equivalent circuit, as shown in Fig. 2.2-25c.

In this circuit the role of the OpAmp is to provide a low impedance point to ground
for the bottom plate of the hold capacitor via the null port across the input nodes of
the OpAmp when feedback is present. Electrical isolation of the bottom plate of the hold

* capacitor is achieved when feedback is removed. Thus, in the track-mode the circuit shown
in Fig. 2.2-25c can be reduced to that shown in Fig. 2.2-26a, where i, corresponds to the
frequency dependent input-impedance of the OpAmp circuit shown in Fi!. 2.2-26b or
rather = r. (2.2-77)

1 +A(s)

where A(s) represents the finite frequency dependent open-loop gain of the OpAmp. If
we assume a single pole model for the OpAmp and a large open-loop gain, such that

* A(s)= GB (2.2- 78a)

then , can be written as follows:

i(S) = (2.2- 78b)

Comments:
* At low frequencies (w << GB), "4 looks inductive,
o At high frequencies (w >> GB), i. looks resistive and approaches the value r,,

• * range: The magnitude of 4, is bounded such that 0 < 4i.o -,
* i,4 is a monotonically increasing function of frequency.

Thus the frequency dependent expression for the voltage gain between the input signal
and the AC signal across vh is

OI

_~ Vh (S) " (, (+ WI)A vd = ( B)(2.2- 79a)
,(,S) -(2 + BWs + w2,)

where

w,=GB (2.2 - 79b)

W = GB (2.2 - 79c)
BW= (rt + r,) Ch

BW = 1 + OB (rtCh) (2.2 - 79d)
(,t + ,,) ch
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The frequency response shown above consists of a zero at the Gain-Bandwidth product
of the OpAmp (GB) and pair of complex poles related by a relationship involving GB, r,,
rt, and Ch. To obtain a practical perspective of these limitations, typical values for the
parameters will be assumed. These typical parameters are

GB s 27r(30MHz) (2.2 - 80a)

r, , 3.2kfA (2.2 - 80b)

rt l I.Skfl (2.2 - 80c)

Ch , 1.5pF (2.2 - 80d)

and are based upon the device sizes shown in Table 2.2-13 and the physical OpAmp
design documented in Section 2.2.2.3e. From these nominal values the transfer function
characteristics are as follows:

w, = 27r(30MHz) (2.2 - 81a)

wo = 27r(25MHz) (2.2 - 81b)

BW = 27r(32MHz) (2.2 - 81c)

Note the poles of this transfer function are complex with an associated pole Q of A. This
4.

transfer function is graphically represented in the BODE plots contained in Figs. 2.2-27a
and 2.2-27b. This frequency response shows a notable change in slope of both curves in
the 6 - 7MHz range, which implies a higher sensitivity to nonlinear components above
these frequencies. Also observe that this frequency response represents almost an order
of magnitude improvement over the frequency response of S/H-1 which was shown in
Fig. 2.2-26.

Nonlinear D;tortion

The results presented thus far are based upon the theoretical linearized track-mode
frequency response. The term "linearized" refers to the use of nominal or zero-biased
value for the voltage dependent components of the S/H design. The nonlinear effects
of these components have not yet been considered. The following analysis will address
these nonlinearities and show how these errors propagate through the Sampling Algorithm
(as discussed in Section 2.2.1.1), and thus affect the overall obtainable accuracy of the
Performance Measurement System.

Consider the following theoretical test system as shown in Fig. 2.2-28. This test setup
consists of two identical S/H's, one sampling a sinusoidal input signal vj(t), and the other
sampling a signal vo(t) which is equal in amplitude to vj but shift in phase by some
Urandom" quantity $, i.e.,

vi(t) = 2sin(27rft) (2.2 - 82a)

vo(t) = 2sin(27rft + 9) (2.2 - 82b) 6

where f corresponds to the input-frequency. Thus the ideal transfer function vo(S)/v(j)
is unity gain with a phase of 0.
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Fig. 2.2-27a. Frequency response of vh(s)Ivj(a) as contained in Eqs. (2.2-79)
through (2.2-81) representing the S/H-2 operating in track-mode.
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Fig. 2.2-28. Test configuration for simulating the Performance Measurement
System's accuracy as a function of the track-mode nonlinearities
of the S/H.
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Now if we collect three sets of instanteous and simultaneous samples of the input and
output waveforms at random intervals, (i.e., (VI./k (t),voh (t)), for t = t 1 ,t,t 3 ) via the
S/H's assuming they are ideal except for track-mode nonlinearities; then the gain and
phase of the phase shifter as viewed by the nonideal S/H's can be computed from the
Sampling Algorithm discussed in Sec. 2.2.1.1. Thus any deviation in gain from OdB and
phase from 9 is interpretted as error contributed by these nonlinearities into the computed
gain and phase of the Performance Measurement System - thus localizing these error
terms. 0

Since the computed gain and phase by the Sampling Algorithm may inherently be
dependent upon the specific phase shift 0 and the exact time instances of the samplings
tI, t2 and t3, these parameters were randomized and varied over a wide range as con-
strained by Eq (2.2-83). Thus if the worstcase computed gain and phase measurements 0
were recorded over this range of test setup characteristics then any 0 dependence or time
sampling dependence will be removed from the simulation.

= 0-85- ,+850 for 0 < < 1800 (2.2-83a)

2,f t 2-f' f - 27rf

00 <9 < 1800 (2.2- 83b)

As shown here, the three sample points are stongly correlated, but randomly aligned to
the input and output waveforms via a random phase angle 0. The 850 interval between
sample points was selected as a worstcase situation, such that for a so called "worstcase
0 ", one sample point will be near the +2V rail, one near OV and one near the -2V
rail, thus resulting in a large variation in the voltage dependent nonlinearities between
samples. Note a 900 sampling interval might be a more obvious selection, but this results
in dependent samples and prevents the Sampling Algorithm from converging. The term
"worstcase 0" refers to varying 0 between 0* and 1800 and recording the worstcase gain
and phase measurement.

The primary nonlinear components being considered here are the two nonlinear on-
resistance rt and r,, and the nonlinear junction capacitor (et) associated with the source/drain
diffusions of St which is in parallel with the hold capacitor Ch. These three nonlinearities
shall be modelled as follows:

- defrt = rto (1 + mtvl) " ;.5kfl (1 + 0.125vi) (2.2 - 84a)

Sd rIo (1 + m*vG) %, 3.2kil (1 + 0.51G) (2.2 - 84b)

, f(VI) (2.2 - 84c)

where rto and r,. represent the nominal values for these on-resistances as shown in
Eq. (2.2-80); mt represents a 50% variation in the on-resistance of the track-mode switch
St over ±2 s' operating range; m, models the voltage dependence of the n-channel analog
switch based upon those results presented in Table 2.2-10; VG is the instanteous poten-
tial on the negative-input of the OpAmp; f is a complex function involving the area and
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perimeter of the p+ and n+ diffusions of the pass-transistors of St as discussed in Section
2.2.2.3a. This nonlinearity can be computed from Eq. (2.2-58), assuming both the area
and perimeter of the n + and p+ diffusions are equal and computed from the p-channel
,width of 23pm by Eqs. (2.2-59c) and (2.2-59d).

The results of this simulation are shown in Figs. 2.2-29 and 2.2-30, and summarized in
T able 2.2-14. At low frequencies (sub-MHz) the nonlinearities discussed here contribute
very little to the overall performance of the S/H. For frequencies greater than 6 - 7MHz
the errors induced by these nonidealities increase exponentially.

One last error term not discussed above, is that at high frequencies the on-resistance
of S, becomes even more voltage dependent then modelled by (2.2-84b), since the OpAmp
will try to drive more current through the switch by increasing the output voltage (V of
Fig. 2.2-25). Thus there is a strong possibility of driving S, into weak inversion or possibly
even saturation. If this occurs then the effective impedance i. will look more like a current
source than an impedance. The advantages and disadvantages of this effect will not be
examined at this time.

Sampling Transition

This S/H architecture inherently reduces the clock feedthrough problem for the fol-
lowing reasons:

(1) A simple n-channe! analog switch can be used for S. rather than a complimentary
switch. Thus reducing the parasitic coupling capacitance between the clock sample
and the signal path.

(2) S. can be sized much smaller than normally required because of the feedback
techniques used here, thus further reducing the parasitic coupling capacitance
and associated charge injection.

(3) The charge stored in the channel of S. is essentially constant since the charge
injection side of the switch (the side attached to the hold capacitor) is tied to a
null-port of an OpAmp and should be held at ground. This reduces the voltage
dependency of the clock feedthrough problem, for this switch.

(4) The bottom plate is electrically isolated when the switches St and Sh are opened
and closed respectively. Furthermore, the charge injected by St should be ab-
sorbed by Sh since the switches, clock signals and source and drain load imi.,-ances
ire finely matched.

Based upon the above comments the primary contributor to sampling transiticn re-
lated errors and the only one quantized here, is the clock feedthrough generated by switch-
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Fig. 2.2-29 Plot of predicted gain measurement error via errors induced into
the Sampling Algorithm from track-mode nonlinearities in S/H-2.
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Fig. 2.2-29b Zoomed in version of Fig. 2.2-29a, focusing in on the 2 - 5MHz
range.
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the Sampling Algorithm from track-mode nonlinearities in S/H-2.
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Fig. 2.2-30b Zoomed in version of Fig. 2.2-30a, focusing in on the 2 - 5MHz
range.
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Table 2.2-14. Summary of the simulation results presented in Figs. 2.2-29 and
2.2-30 of the errors induced in the extracted gain and phase by the
Sampling Algorithm due to the track-mode nonlinearities of the
S/H-2 circuit.

frequency (s (dB) LV(s) -0

lOkHz 0.00006 0.00730

OOkHz 0.00047 0.0740
200kHz 0.00066 0.150

50okHz 0.0065 0.400

1MHz 0.031 0.870

2MHz 0.14 2.10

5MHz 2.0 13.0

IOMHz 9.7 83.0 .
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ing S. "off'. This feedthrough component is proportional to the size of the pass-transistor
devices, as discussed in Section 2.2.2.3a. From this discussion it was concluded that the
worstcase variation in this offset voltage was estimated as that shown in Eq. (2.2-67).

* Thus for the specific device sizes as listed in Table 2.2-13, the overall worstcase clock
feedthrough error would be approximately ±0.8% relative to a estimated worstcase vari-
ation of ±0.5V in the instanteous potential vG of Fig. 2.2-25. The actual expected error
is anticipated to be at most I to . of this value, since the actual variation in vG is not2 3
anticipated to be this large, and the capacitor C 2 should provide some relief by absorbing

* some of this charge.

One interesting consequences of this architecture, is that the voltage dependence of
the clock feedthrough component is frequency dependent, and for low frequencies this
architecture is insensitive to this nonlinear effect and thus can be treated completely as a
fixed DC offset.

Hold-Mode

0 Once in the hold-mode, only the leakage current associated with the source/drain
diffusions attached to the top and bottom plate of the hold capacitor affect the overall
sampling error of the S/H.

For this particular process the leakage current is directly proportional to the smallest
area of the diffusions connected to either the top plate or bottom plate of the hold capacitor,
as discussed in Section 2.2.2.3a. For the device sizes used in this particular design, the
leakage current has been estimated at 21pA based upon Eq. (2.2-68a). This causes the
hold voltage to drift at a rate of 10.5 -. That can be related to a 0.25% error relative to
a full scale 4Vpp input signal in a Imsec. time frame. This represents more than adequate
time for the A/D to convert this sample and held signal to a digital word.

Conclusions:

Based upon the above performance analysis, the S/H-2 cell had a substantial reduction
in error at higher frequencies over the previous design, S/H-i, but there were several
underlying design limitations as listed below.

(1) At higher frequencies, as the OpAmp started to roll off the effective on- impedance of
. started increasing rapidly, thus increasing the overall impact of this nonlinearity

drastically. Furthermore, increasing the effective on-impedance implies that the null-
port is starting to breakdown (vG to float away from ground) thus allowing more
fluctuation in the voltage dependent component of this impedance, and thus inducing
even more nonlinearities. Unfortunately the current OpAmp bandwidth of 30MHz is
near state-of-the-art limits.
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(2) The finite voltage-dependent on-resistance of S, distorted the track-mode operation
of this S/H at higher frequencies when the null-port started to dysfunction. Unfortu-
nately the current on-resistance and device sizes of this switch, can not be increased
without sacrificing nonlinearity due to the voltage dependence of the clock feedthrough
generated by this switch. With the current design values the estimated nonlinearity
due to this clock feedthrough component is already 0.5% to 1% at high frequencies,
and can not afford to be increased any more.

(3) The finite voltage-dependent on-resistance of St also distorted the track-mode oper-
ation of this S/H at higher frequencies because of the RC time constant formed by rt
and Ch attenuated the amount of input signal across the hold capacitor. Thus modu-
lation of this RC time constant by the instanteou value of the input-signal, distorts
the hold voltage. Obviously then it would be desired to decrease this on-resistance
by increase the channel-width of the pass-transistors of this device, but this would
increase the parasitic junction capacitor associated with the source/drain diffusions
of these devices. Increasing this nonlinear capacitance will effectively modulate this
same ',C time constant. For the current design it was verified through simulations
(not shown here) that the current devices sizes of St were near optimal under both of
these constraints.

Simulation results shown here, predict that this architecture is very useful at low
frequencies since all of the primary error effects are cancelled at these frequencies. Fur-
thermore these results implies that 0.1dB accuracies can be obtain in the low MHz range,
though it is hard to predict exactly how high in frequency this circuit can be pushed with-
out knowing more specifics about the nonlinearities of the physical components. It is also
evident that the current Sampling Algorithm may be highly sensitive to perturbations in
the sampling hardware.

2.2.2.3d Sample/Hold-3

Driven by the frequency limitations of the S/H-2 architecture (specifically the finite
and nonlinear on-resistance of the switch St), the following architecture is proposed as
an extension of the feedback and offset cancellation techniques use in S/H-2 architecture.
The new S/H structure discussed here reduces the effective on-resistance of the track-
mode switch by placing the switch in the feedback path of a second additional OpAmp.
The added offset voltage incurred by this second OpAmp is cancelled out during a new
calibration-mode of the S/H. This S/H is refered to as S/H-3.

The basic architecture and its inherent performance limitations are described below,
with corresponding experimental results contained in Section 5.14.

2

2.2-109



Description:

The circuit schematic for S/H-3 cell is shown in Fig. 2.2-31a with its associated timing
diagram contained in Fig. 2.2-31b. The operation of this circuit is as follows.

Consider initially the circuit configured in the calibration-mode, in which all of the
track and hold switches are open (St,, St2 , and Sh) and the calibration and sampling
switches closed (S,1 , S,, S, 3 , and S,) and modelled as short-circuits as shown in the
equivalent circuit contained in Fig. 2.2-31c. In this mode, OpAmp A, is biased so that
its input offset voltage is across the capacitor C011 . After the system transients die out,
the calibrate switches are opened, (isolating the bottom-plate of the Coi 1 capacitor),
thus trapping the offset voltage of A1, (V0f1f) on Coff. Note: the charge injected by the
switch S,. on the bottom-plate is cancelled by an equal amount of charge injected on the
top-plate of C0 f by the switch SC,.

Now the track-mode switches (St, and S't.) are closed, and the S/H is configured in
track-mode, with the equivalent circuit shown in Fig. 2.2-31d. In this mode the OpAmp
A, is configured as a noninverting unity gain buffer by the feedback path created by the
closing of St,, with input to this buffer corresponding to the positive-input of the OpAmp
A, and output attached to node i 1 . When the input signal Vi is patched in through
the analog switch St,, the input signal is buffered and tied to the top-plate of the hold
capacitor Ch, with the bottom-plate essentially tied to ground through the null-port of

0 ,A2 . This results in the instanteous voltage drop across the hold capacitor (vH) equal to
the instanteous ipput-signal vI, as is fundamental to the operation of a S/H.

Observe that the voltage drop between the positive-input of A1 and node vJ is essen-
tially zero, since the input offset voltage of this amplifier is cancelleo. by the voltage drop
across C0oil.

If the switch S, is opened at time t., the bottom plate of hold capacitor Ch is electri-
cally isolated and the input voltage vI is essentially "sampled". To complete the process,
the top plate of the capacitor is isolated from the input signal by opening the switch St1 ,
and then connected to the output by closing the switch Sh. This places the S/H in hold-
mode, with the so called "sampled" irnput signal buffered and available on the Vo node, as
shown in the equivalent circuit in Fig. 2.2-31e.

The analog switch S. and the calibrate switches are all single n-channel MOSFET,
while the other analog switches are the regular complimentary switches as shown in
Fig. 2.2-11c. The device sizes for these analog switches and the other S/H components are
shown in Table 2.2-15. The two capacitors C1 and C2 were added to the circuit to reduce
switch charge injection.
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* Table 2.2-15. Device sizes and component values for S/H-3
circuit schematic of Figures 2.2-31a.

Compnentn-channel -p-channelVau
S __ _ W L W L Vau

S,4p~m 3pm ______

S02  4p~m 3pum __

S34p~m 3pum ________

so 12pm 3pm

___t___ 9pum 3pm 23pum 3/4m

St2  18pm 3pm 461im 3pm ___

Sh 9pm 3pum 23pm 31pm
* C1  __ 5pF

C2  ___SpF

C011  _______ 1 .5pF
Ch __ _ _ _ _ __ _ 1.p
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Performance Limitations:

This S/H architecture is an extension of the S/H-2 design and thus is subject to
input signal swing of ±2V and maximum input frequency in the neighborhood of 2 -
5MHz. Since this design is similar to the previous design (S/H-2), only the track-mode
performance limitations will be discussed.

Track-Mode

Consider the equivalent circuit contained in Fig. 2.2-31d. In this circuit the role
of the switch St, is to conduct the input-signal vi(.) through to the null-port of the •
OpAmp A,. Unfortunately, the finite on-resistance rt 2 of this analog switch in series
with the input-capacitance of OpAmp A, (termed Cmi,), produces a single pole at the
frequency I . If the size of St, is sufficiently large and the input-capacitance of thertl Cin

OpAmp minimized, then hopefully this parasitic pole can be neglected. For this design as
documented in Table 2.2-15 and in the following section and for the nominal theoretical •
on-resistance of the complimentary switch as contained in Table 2.2-10 and for the typical
input-capacitance of OpAmp as shown in Table 2.2-9, this pole is greater than 300MHz.
Obviously if this factor is of concern, the on-resistance of this switch can be reduced even
further. 9

Similar to the analysis of S/H-2, the effective frequency dependent input-impedance
looking into the two OpAmp's null-ports shall be denoted as it (representing the track-
mode impedance associated with A, as shown in Fig. 2.2-32a) and z, (representing the
sampling switch impedance associated with A2 as shown in Fig. 2.2-32b). Assuming a
. model for the OpAmps, these frequency dependent impedances are mathematically •

modelled as follows:

it ( - ' (2.2- 85a)

i. (= +(2.2 - 85b)

Thus the original track-mode equivalent circuit of Fig. 2.2-31d can be reduced to a simple
RC network as shown in Fig. 2.2-32c.

From this simplified circuit, the AC voltage gain between the input signal vi and the
voltage drop across the hold capacitor vh was computed to be

I (a + WX)
Au df ,h(s) =_ (2.2 - 86a)

- - =- (82 + BWs + W2)

where
we = GB -. 21(3OMHz) 

(2.2 - 86b)
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Fig. 2.2-32. Circuit schematics for frequency-domain analysis of S/H-2 in track-mode.
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V( = G 24r(25Mu z) (2.2 - 86c)To rt + r,) Ch
_ 1

BW = 1 ,)- 2ir(22.5MHz) (2.2 - 86d)
(Tt + Ira) Ch

as based upon the device sizes shown in Table 2.2-15 and the physical OpAmp design
documented in Section 2.2.2.3e

Observe that w. and w0 are identical to the previously reported expressions for S/H-
2, contained in Eq. (2.2-79). Interestingly enough the only signficant change between the
two transfer functions, was the pole-bandwidth or pole Q, in which the Q of S/H-3 was
increased by 45% over the Q of S/H-2. This is a considerable factor as illustrated in the
graphical comparison (in Fig. 2.2-33) and quantitive comparison (in Table 2.2-16) of the
three different track-mode frequency responses for S/H-1 -2 and -3.

If we compare the three gain frequency responses, the S/H-2 design provided the
largest 0.1dB-bandwidth with a factor of 21 increase in bandwidth over the simple S/H-I
architecture, and a 30% increase over the complex S/H-3 architecture. This slight degra-
dation in the gain response of the S/H-3 design is attributable to the peaking associated
with the higher Q circuit. Though if we consider the phase response of these three designs,
the S/H-3 design is by far the best with a factor of six improvement in 1°-bandwidth over
the S/H-2 design and a two orders of magnitude improvement over the S/H-1 architec-
ture. This drastic improvement in performance by the S/H-3 cell is directly related to the
decrease pole bandwidth of this design. Lastly if we wish to fairly compare these archi-
tectures, we must couple the phase and the gain specifications together, since they both
affect the overall accuracy of the Sampling Algorithm. Thus for a specification of .1dB
gain accuracy and 1 phase accuracy, the S/H-3 had the largest bandwidth of 2.8MHz,
which is a factor of 21 increase over S/H-2 and a factor of 40 over S/H-1.

Nonlinear Distortion

The results presented thus far are based upon the theoretical linearized track-mode fre-
quency response. The affects of the voltage dependent nonlinearities of the on-resistances
of the analog switches and the parasitic diffusion capactances have been neglected. The
following analysis will address these nonlinearities and how they affect the overall obtain-
able accuracy of the Performance Measurement System, as previously addressed in the
S/H-2 discussion.

The primary significant difference between the nonlinearities of S/H-2 and those of
the S/H-3 architecture is not that one architecture is constructed from better, more linear
components, but on the contrary one architecture (i.e., S/H-3) is inherently less sensitive
to these nonlinearities; stemming from the attenuating affect of the A, feedback network
in conjunction with the rt nonlinearities. Thus if we apply the same nonlinear models as
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Table 2.2-16. Comparison of usable frequency range or bandwidth for all three
S/H's operating in track-mode, as a function of the gain or phase
resolution specification. This data is graphically presentedin Fig. 2.2-
33.

SResponse D Bandwidth, Hz
Spec. JJS/H-i S/H-2 ~[S/H-3

0.01dB 400k M.M 910k
0.02dB 550kc 1.6M 1.2M

0.05dB 860kc 2.5M 2.OM
0.1dB 1.3M 3.6M 2.8M
0.2dB 1.7M 5.2M 4.OM0

0.5dB 2.8M 8.5M U.M
1.0dB 41lM M3OM 9.1M

0.020 2.8k 25kc 1.9M
0.050 7.0k 62kc 2.6M
0.10 14kc 120/c 3.3M

0.20 28kc 250/c 4.1M

0.50 70k 630k 5.6M

1.00 140kc 1.2M 7.1M

2.00 280k 2.4M 8.9M
5.00 700k 5.7M M2OM

10.00 1.M 9.5M_ 15.OM6
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contained in Eqs. (2.2-84), and simulate the complete Performance Measurement System
with the intended Sampling Algorithm as performed on the S/H-2 architecture, then the
overall impact of these nonlinearites can be studied and quantitized.

The results of this analysis for the S/H-3 circuit as defined in Fig. 2.2-31 and Ta-
ble 2.2-15, are provided graphically in Fig. 2.2-34, and quatitatively in Table 2.2-17. Also
repeated here, for the sake of comparison are the aforementioned results of the S/H-2
architecture as originally provided in Figs. 2.2-39 and 2.2-40.

The results shown here, indicate that the S/H-3 architecture greatly out performs the
S/H-2 design by a factor of 2-4 in the accuracy of predicting the gain and a factor of 10
in the accuracy of predicting the phase at high frequencies (2-5MHz). This improvement

* is attributed to the improved phase response of the track-mode operation of this S/H.

Conclusions:

The S/H-3 architecture out performed each of the previous designs, with a a factor
* of 2 increase in usable frequency range over the S/H-2 design and almost a decade be-

yond the S/H-1 design. This architecture greatly minimizes the parasitic effects due to
inherent component nonlinearities and thus removes these nonidealities from affecting its
performance. The design strategy used here of eliminating nonidealities by better circuit
design techniques produced a design that is less sensitive to poorly predicted and poorly

* controlled circuit nonlinearities and is preferred over strategies that rely heavily on aprori
knowledge of these nonidealities and careful cancellation of these effects. This is not the
case here.

One last comment is in order. The complex input offset voltage cancellation technique
* used here is not necessary if this S/H is to be used in the DCASP architecture since this

,ionideality is voltage indepedent and can easily be cancelled by the Sampling Algorithm.
In particular, the excitation and response signals of the CSP are already perturbed by off-
sets, and must be incorporated in the Sampling Algorithm anyway. It is recommended that
future generations of this circuit remove the extra calibration clock phase, thus simpifying

* the overall architecture and the required random logic to interface to this device.

2.2.2.3e Sample/Hold operational amplifier

0

Purpose:

The S/H structures, S/H-i, S/H-2 and S/H-3 discussed previously require high, per-
* formance operational amplifiers in order to sample high frequency (2 - 5MHz) and high

amplitude (4Vp_,) signals with 0.1% accuracy. Based upon the design trade-offs and per-
formance issues as detailed previously in this section, the CMOS OpAmp specifications of
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Table 2.2-17. Summary of the simulation results presented in Figs. 2.2-29 of the
errors induced in the extracted gain and phase by the Sampling
Algorithm due to the track-mode nonlinearities of S/H-2 and -3.

freqency S/H-2 S/H-3 S/H-2 /-
frqec ft_____ (ei) L- ___

°
_____-

=VdV ,

lOkHz 0.00006 0.00000 0.00730 0.000010

100kHz 0.00047 0.00019 0.0740 0.000790

200kHz 0.00066 0.00075 0.150 0.00310

500kHz 0.0065 0.0047 0.400 0.0190

1MHz 0.031 0.019 0.870 0.0750

2MHz 0.14 0.074 2.10 0.280

5MHz 2.0 0.43 13.0 1.20

IOMHz 9.7 1.3 93.' 3.10
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Table 2.2-18 were established as a design goal.

The most challenging of these specifications are the high bandwidth, the low input ca-
pacitance, the large input signal swing and the large load-capacitance.

Description:

The basic OpAmp architecture used in the design of the CMOS OpAmp is shown
in Fig. 2.2-35. This is a scaled down version of a 40MHz CMOS buffer design of Van-
Peteghem 1261 with an added source-follower input stage. This additional source-follower
input stage will provide a much lower input-capacitance to the OpAmp and help drive the
large input-capacitance of the differential-pair, which is primarily due to the Miller Effect. 0
The original buffer design of VanPeteghem had a semi-low input-capacitance (0.SpF) since
the common source node of the differential pair bootstraps the major portion of the input-
capacitance when feedback is applied to the negative input node of the OpAmp. Ideally,
in this configuration, the differential pair has no differential signal across its inputs, but
rather only common-mode signal, [27] thus bootstraping the Miller Capacitor as discussed
later in this section.

The original buffer design can be summarized as follows: The n-channel differential--
pair was chosen as the input stage due to its high device mobility and thus typically higher
bandwidths. The current-source, Iss, must be a single n-channel MOSFET to prevent 0
the voltage drop across the source-follower from distorting the signal as the input signal
swings towards the negative rail. The modified cascode current-mirror with common-mode
feedback provides a high output impedance and a large PSRR with little degradation to the
common-mode input range [28) The source-follower output stage drives the large external
load capacitor seen on the output of the OpAmp. In order to drive large capacitive loads 0
at high frequency, large bias currents and large device sizes are required. The bias currents
shown in Fig. 2.2-35 are set at

10 = I1- = Ii+ = 0.5mA and I5s = 0.2mA. (2.2 - 87) •

The complete circuit schematic is shown in Fig. 2.2-36 with the corresponding device
sizes provided in Table 2.2-19. V- and V+ are the differential inputs and the node labeled
Vot is the low impedance output node. The current Ibia. is an externally provided bias 0
current, nominally set at O.1mA. The input source-follower consists of devices Mi, and
Mi, which drive the differential-pair, Md, and Md2 . The current-mirror consists of devices
M,m through M,,. The output source-follower is the n-channel MOSFET, M'o1 . The
remaining devices, Mb, through Mb, are current sinks and bias transistors.

0

The devices, Mmj, and Mm, are biased in the linear region with Mb7 and Mb.. They
serve as an active resistor whose resistance and thus output current is a function of their
gate to source voltage. Since the gates of these two devices are feeding off of the same
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* Table 2.2-18. S/H OpAinp design specifications.

3dB Bandwidth > 30MHz

Slew Rate 60V/Issec

*Open Loop Gain > 50

Input Capacitance < 100f F

Load Capacitance 5 - 7pF

Signal Levels to ± 2V with ±5V sup.

*Input Signal BW. < 5MHz
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* Fig. 2.2-36. S/R OpAmp circuit schematic.

2.2-124



Table 2.2-19. S/H OpAmp devices sizes for Fig. 2.2-36.

SIZE SIZE
DEVICE DEVICE W L

Ml, MA2  174p 31A Mb, IMb2, Mb, 74/A 3A

MdI Md2 300A 3A Mb,, 3 0 A 3A

Mm,, Mm2 , Mbs 100A 31A Mb6, Mb, 1514 311

Mm3 , Mm,, Mb, 25 11 3AJ M, 1  498A 3tj

0
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internal node, the pair function as a typical current mirror. The cascode devices, Mm3 and
Mm, are biased in saturation and provide a large output impedance and thus increased
isolation from any power-supply injected noise from VDD.

Source-Follower

The source-follower, as shown in Fig. 2.2-37, is a key subcircuit of the OpAmp, as
it buffers the inputs and output of the OpAmp. Also shown in this figure are the load
capacitor, C1, and the parasitic overlap capacitors, Cg and Cgd. The device M, should be
biased in saturation for a unity small signal gain. From the simplified Sah model of M1 ,
the DC bias current, ID, is given by

K'.! W1 )VI_
IDD = ID = 2 L, V _ VthW1  (2.2-88)

In order to minimize the DC voltage drop across the source-follower and not to overly
restrict the signal .wing, we have decided to require V - Vo < 1.6V.

Defining the over-drive voltage, VOD, by the equation

VO Df / DL1 (2.2 - 89)

it follows from eqn. (2.2-88) that Vo can be expressed in terms of VOD as

VO = VI -Vth, -VoD (2.2-90)

From this expression it can be observed that if the bulk were tied to Vss, then the bulk-
effect (-I effect) would have the tendency to modulate Vth, between 0.8V and 2.5V as
the input swings between ±2V. This would cause both signal distortion and signal swing

* limitation. The effects of -y can be eliminated by connecting the bulk to the source of
M1. Making this connection comes at the expense of adding more parasitic capacitance to
the output node of the source-follower. With Vth, restricted to approximately 0.8V, and
VOD <_ 0.8V, we can achieve our goal of making V1 - Vo < 1.6V.

* The AC small signal model for this subcircuit is shown in Fig. 2.2-38, where g and
g, correspond to the small signal model parameters for the device M1 and gd represents the
parasitic output admittance of the current sink, /DD. From this circuit, we can calculate
the frequency domain transfer function as shown below in eq. (2.2-91)..C

1g =m _____ 1+ Q*L
*O =(9 A. 9M, (2.2 -91a)

V gm g+ g d M+g'd8+ 4 S

Av - M 1 (2.2- 91b)
g,, + g.d + 9d
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Fig. 2.2-38. Source-follower AC small-signal model.
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Assuming gm > g& + gd andC6 > Cg, yields a unity gain amplifier with a pole at wp and
a zero at w, such that wp f fLandw,, > 6sL.

The small signal input capacitance is composed of two components, the overlap cap-
acitance, Cgd and the Miller Capacitor due to C,.. Since the device M, is in saturation,
the C,. capacitance is modeled as 1 of the gate capacitance [211. Thus, if it is assumed3
CI > Cg., Cg. > Cgd and g. > g. + g, then the input-capacitance for the source- W
follower can be expressed as

Gin Cci +Cg(1 ) (2.2 - 92a)

1 +n,0 W1+ - (2.2- 92b)

= Ci,. + (2.2 - 92c)

where,

Ci.o Cgd + C gds + gd (2.2 - 92d)

Ci,, Cgd + Cg, (2.2 - 92e)
de + 9d + gm Cad

Z - C(" Co. (2.2- 92f)

Wp g- (2.2 - 92g)
C1

Cgs 2, -Co=,LI (2.2 - 92h)

and

Cd = CozW 1L, (2.2 - 92i)

The variable Ci,. and Cin** represent respectively, the input capacitance at DC and at
extremely high frequencies. The constant Cox represents the gate to channel capacitance
density (typically 0.7f F/MU2 in a generic 314 CMOS process) and Li represents the lateral
diffusion length (typically around 0.314 in the same process).

The Miller Effect greatly reduces the input-capacitance by attenuating the dominate
parasitic capacitance, Cgs. This attenuation is due to the boot-straping effect of the unity-
gain configuration. This capacitance cancellation technique is very sensitive to any phase

2.2-129



shift between the input node and the boot-straping node. This is apparent from the above
analysis, since the location of the zero, wz2, was at a significantly lower frequency than the
pole, wi.

The small-signal parasitic load capacitance is composed of many different components
as listed in eq. (2.2-93)

C1=C+C +Cd+C ( 1-% )" + Cin2  (2.2 - 93a)

Cs + Cw + Cd - C9, \ +9d) + Ci12  (2.2 - 93b)

where, C, and Cd are the parasitic capacitance due to the sou-ce diffusion of M, and the
drain diffusion of the current sink, ID, respectively. C, is the parasitic well capacitance of
the p-well containing the device M, and Cjn is the input capacitance of the next stage.
Note, the Miller Capacitor was reduced to a small negative load capacitor which should
exhibit the same phase distortion sensitivity problem that the input-capacitance exhibited;
and thus is not a very useful technique for reducing the overall effective load capacitance
at high frequencies.

For the design documented in Table 2.2-19 above, the characteristics of both the input
and output source-follower stages are shown in Table 2.2-20 as computed from equations

0 (2.2-89) through (2.2-93) and SPICE generated small-signal model parameters.

Note, the pole locations of the input and output stages are currently marginal to yield
the desired input capacitance.

0 Simulation Results:

The parasitics of the layout of the design described above were extracted and a SPICE
simulation file was generated. This SPICE deck in combination with the MOSIS analog
SPICE model were used in simulations which are summarized below.

(a) Open-Loop frequency response from both the inverting and noninverting inputs of the
OpAmp. From the resulting Bode-Plots shown in Fig. 2.2-39, the open-loop gain,
gain-margin and phase margin can be extracted.

(b) Closed-Loop step response for the OpAmp configured in a unity gain buffer config-
uration. These are shown in Fig. 2.2-40. From this plot, the settling time, percent
overshoot and slew rate can be determined.

* (c) Small-signal AC analysis. From a small-signal ac analysis, the input current as a
function of the input voltage and input frequency can be used to determine the small-
signal complex input-impedance of the OpAmp. That is
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Table 2.2-20. Source-Follower theoretical characteristics.

Parameter Output input

ID____ O.5mA O.5mA
_______ 2.2rnS 1.3mS

Us ____ 29jAS 1911S

9d l8s l81AS
cgs .56pF O.I9pF

C ~ 0 .lOpF 0.03pF
CO.45pF 0.l7pF

C8  0.38pF 0.14pF
Cd 0.O6pF O.O6pF

A,0.979 0.972
CiO pF 6pF

C1  6.8pF 6.3pF0
Ci,.0.1lpF 0.O4pF

_________ 0.66pF 0.22pF
________ 625MHz 1.1GHz

Wp51MHz 33MHz
W2210MHz 6MHz

VOD O.4V 'O.7V
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Zd(jW)f (2.2- 94)

where ii and vi, represent in the small-signal input current and voltage, respectively
and w = 21f. The input im,,edance of the OpAmp is a function of frequency and
not purely capacitative, as illustrated by eq. (2.2-92), and supported by simulation
results graphically presented in Fig. 2.2-41. From this plot, it can be concluded that
at low frequencies, the input impedance looks totally capacitive with a phase angle
of -90* up to about 300kHz. The magnitude plot shown here is 11-- 11 which
represents capacitance when the phase angle of Zj,, is exactly -90' . For phase angles
other than this, it is difficult to interpret - a purely resistive impedance would be
represented by a phase angle of 00 and a magnitude plot resembling a function.

The simulation results are summarized in Table 2.2-12. Each of the original design
specifications were met. The phase margins are less than desired. The input capacitance

* predicted by the simulation differed significantly from the theoretical calculations. The
source of this discrepancy has not been resolved. Further reductions in input capacitance
with this circuit can be obtained at the expense of a reduced bandwidth. Alternatively,
a different architecture of the Op Amp may deserve consideration if the experimentally
measured input capacitance is unacceptable.

'I..2.3f Sample/Hold operational amplifier with added zero

In the previous section, the Sample/Hold operational amplifier had a simulated phase
0 margin of 18* (290) for V + (V-). This is borderline stable. Thus in this section we will

discuss a modified OpAmp design, that should improve stablity.

The approach is to add an additional load capacitance (C.) to the common-source
node of the differential amplifier and a feed-forward zero, as shown in Fig. 2.2-42. It is
hoped that

(1) the added capacitance on this node will decrease the dominant pole location slightly,
and

(2) at ultra high-frequencies this added capacitor will act as a short circuit between the
node V, and the common-source node, and thus introduce an ultra high-frequency
zero into the transfer function.

The size of the capacitor C. was intended to be in the range of 1 - 2pF, and was actu-
ally impleme:ted as a 1.37pF poly-I/poly-II capacitor because of layout area restrictions.

The results of modifing this design are shown in the BODE plots contained in Fig-
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Table 2.2-21. S/H OpAmp simulated design specifications.

Open-Loop 3dB Bandwidth 30.SMHz
Gain Margin (V+) < -20dB,
Gain Margin (V-) -16dB,
Phase Margin (V+) 180
Phase Margin (V-) 290
Settling Time (1%) 70,qsec
Percent Overshoot 20%
Slew Rate 160V/I8 c
Open Loop Gain 52 -
Input Capacitance 620fF - 860fF
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* Fig. 2.2-42. S/H OpArnp with added zero circuit schematic.
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0

ures. 2.2-43a and b. Shown hce is an improved gain and phase margin at the expense of
reduced open-loop 3dB bandwidth. These results are summarized in Table. 2.2-22.

2.2.2.3g Other gain Performance Detector systems.

Over the decades many solutions to the performance detection problem have been
proposed, primarily in Hybrid, discrete, Bipolar or technologies other than MOS. Finally
in the 80's we are beginning to see these architectures translated into a MOS environment.
In this section, we will discuss some of these alternative gain measurement approaches.

Peak Detectors:

Peak detection is one of the more conventional techniques. It requires little post pro-
cessing of the measured data in order to compute the gain, but is restricted to applications
not requiring phase measurement. Obviously, the basic strategy of this approach is to com-
pute the peak amplitude of both the excitation and response signals, and then compute
the gain from the ratio. Two Peak Detector architectures are presented below.

Conventional Peak Detector

A standard approach given an ideal diode is shown in Fig. 2.2-44. Here the input
signal (V.) turns "on" the ideal diode (D1 ) whenever the input voitage exceeds the peak
voltage (Vpeak) held on the hold capacitor (Cpak). The hold capacitor is electrically
isolated by a FET input unity-gain buffer whose output is supplied to an analog-to-
digital converter (A/D), for conversion to a digital word. Thus this digital word represents
the peak amplitude of the analog input signal. The switch (Si) is used to reset the hold
capacitor prior to the detection process. The challenging aspects of this design is building
DI, the ideal diode, such that

(1) the voltage drop across the diode must bc much less than an LSB of the A/D;

(2) the diode must turn "on" and "off" almost instantaneously, relative to the frequency
of the input signal;

(3) the diode must be able to turn "off" without deviating Vpeak by more than a fraction
of an LSB due to the borrowing of charge off of hold capacitor; and

(4) once the diode is turned "off", the hold capacitor must be electrically isolated while
the A/D is converting this signal to a digital word.

Also, it is assumed that the A/D and the analog buffer are ideal and do not contribute
any errors (e.g., offset voltage, gain errors, etc.).
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* Table 2.2-22. Comparison of simulated performance for S/H OpAmp
with and without added feed-forward zero.

Performance Specification Without Zero With Zero

Open-Loop 3dB Bandwidth 30.5MHz 25MHz

Gain Margin (V+) < -20dB < -20dB

Gain Margin (V-) -16dB -13dB

Phase Margin (V+) 180 390

Phase Margin (V-) 290 340
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Fig. 2.2-44. Conventional Peak Detector block diagram.
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The MOS version of this circuit is shown in Fig. 2.2-45, where the ideal diode is
realized with an comparator or OpAmp driving the gate of a MOSFET. In this circuit
if the input voltage, Vi ever gets bigger than the hold voltage, Vp,.k, then the OpAmp
output will go low, turn "on" the MOSFET, charge up the hold capacitor till Vpek = Vi,
at which time the OpAmp will turn "off" the MOSFET and stop the charging process.

This circuit calls for a very high-speed comparator. To better understand the speed
requirements placed on the comparator/MOSFET design, consider the following mathe-
matical representation of the time-interval in which the peak amplitude occurs in.

Given a sinusoidal signal Vi(t) = Vm,, cos(wt), we are interested in computing the
interval of time that the amplitude of V1(t) is within an LSB (for an N bit A/D) of the
peak or maximum amplitude, Vmoz. Mathematically this interval is

t E (-to, +to) such that Vi(to) = Vmaz 1 21 . (2.2-95)

Thus the length of the interval is

At =f 2to

2 _ _

= -cos (2.2- 96)
* 1

Quantitatively, the impact of Eq. (2.2-96) is illustrated in Table 2.2-23. Nanosecond and
sub-nanosecond time intervals are extremely challenging for a process technology with
typical gates delays of 5-10/sec. Thus the inherent speed requirement of turning "on" and
"off" device M1 combined with the switch feed-through effects of this devices, greatly limits
the o erall accuracy of this performance detection scheme and the maximum frequency of
the input signal that can be properly handled.

Serial Peak Detector

The so called Serial Peak Detector as shown in Fig. 2.2-46 is an extension of the
previous circuit, by replacing the analog feedback loop with a digitally controlled one. In
the block diagram of Fig. 2.2-46, the input signal is continuously being compared by a
high-speed high-performance comparator to a reference signal, VC, which is generated
by a D/A from the digital word Dp,,k. Whenever Vi exceeds Vp,.k, the output of the com-
parator rises rapidly, triggering an SR flip-flop, which in turns increments the digital word,
Dpeak at the end of that clock period. Thus as soon as the counter stops incrementing,
the conversion process is complete and the digital representation of the peak amplitude is
Dpeak. This approach relies only on having an extremely sensitive and fast comparator
and flip-flop combo.
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Table 2.2-23. At, as a function of the nLumber of bits and input signal frequency.

INH___ frequency,w
bits 1MHz I2MHz.1 -5MHz 10Muz

6 39.8tsec 19.9jsec: 7.96isec 3.98jisec

7 28.Itsec 14.j~sec 5.63jsec 2.81;?sec

8 19.9isec 9.95t~sec- 3.98 17~ 1.$9,7sec

9 14.1i~sec 7.03tlsec 2.8li~sec 1.4177sec

10 9.9577sec 4.97t7sec 1.99i7sec 995psec

*11 7.O371sec j .5217sec 1.41i~sec 703psec

12 4. 97i~sec j2.49i~sec 995psec j497psecj
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This same idea could be extended to a successive approximation type architecture,
where the D/A is controlled by successive approximation register and logic. This would
greatly reduce the conversion time, without any los of accuracy.

Neither the conventional nor the serial architectures have been designed or fabricated
at this time, only the theoretical aspects have been investigated, as depicted here.
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2.3.1 The Tuning Problem-Rigorous Formulation

2.3.1. Mathematic Formulation of Tuning Problem

Assume, initially, a linear lumped system that has a transfer function

- TACT(S, X) (2.3.1 - 1)
zi

where s is the complex frequency variable and X is the vectcr containing all passive and
active component values/variables in the circuit. Assume further that X can be partitioned
as

* II
X - 12  (2.3.1 -2)

a3

where a,, a2, and a 3 are column vectors of lengths nl, n2, and nl3, respectively, and
where the partitioning is such that a1 are the controllable parameters in the circuit, a2

are the additional parameters contributing to I(s, X) which have been identified and a3
are the remaining parameters which remain unidentified.

By assumption of a linear lumped system, TACT(S, X) can be written in rational
fraction form as

TACT() = 1 i

A T E' (2.3.1-3)

where, in general, the ai and bi coefficients are all functions of X. It is almost always the
case that the functional expression for T(s) is unknown. This will always be the case if
the vector a3 has dimension greater than or equal to 1.

Since the vector al contains all controllable parameters, we can write

al = h(D) (2.3.1 - 4)

where D is the vector of digital control variables and where the dimension of D is less than
or equal to the dimension of al. For the problem at hand (DCASP), the function h(D) is

• of the form

ali= h(d) for 1 < i < n, (2.3.1-5)

where the elements of D are di, i = 1, ... nI. Actually, h1(di) is probably monotone with
di .
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For notational convenience, it may be more convenient to express TACT(8, X) in (1)
in terms of D rather than in terms of X. Thus defining

rD1
Y C[2 (2.3.1-6)

L. a2 J
we can write xo/x as

-0 = T(9, Y) (2.3.1-7)
Zi

Again, for notational convenience, if the role of D on the transfer function is to be empha-
sized, we will use the expression T(D) where it is understood that

T(D) = T(a, Y) (2.3.1 - 8)

A vector DA or correspondingly the vector YA

rDA'1
YA= a: (2.3.1-9)

where DA is in the domain of D it is said to be an acceptable vector if T(s, YA) meets
the given specifications.

The goal in tuning is to select an acceptable vector, DA, so that the transfer function
T(DA) meets the given specifications. That is T(DA) is an acceptable transfer function.
We will denote this acceptable transfer function as TA (s).

For some specifications, there may not be a vector DA that will yield an acceptable
transfer function whereas for others there may be a large number of acceptable DA vectors.
Thus, DA is not necessarily unique.

A standard tuning strategy denoted as Strategy 1, is as outlined below.

1. Select an initial value of D, denoted as Do.

2. Measure some characterization parameters of T(Do), say O(T(Do)).

3. Evaluate a cost function based upon these measurements, say C(O(T(Do))).

4. If C is acceptable, the tuning is complete and the acceptable transfer function realized
is TA(S) = T(Do).
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5. If C is not acceptable, obtain a new estimate of D, say DI.

6. Repeat steps 2-5 as often as necessay.

The cost function C must be defined so as to realistically quantify the required per-
formance specifications. With this in mind, a range of values of C can be specified such
that the performance of the system is acceptable provided the cost function lies in this
range. Any value of C in this range is called an acceptable value of C and any value of C
outside this range is unacceptable. This is summarized more formally in the flowchart of
Fig. 1.

Following Strategy 1, the tuning problem thus reduces to determining a sequence
< Di > which converges to an acceptable value of D, DA.

Although TACT(S, X) is unknown, a good model of the system is often readily avail-
able.

Returning to (1) and (2), assume that a model of the system has been obtained. That
is

-- TM(a, XM) (2.3.1 - 10)

where XM is a sub vector of X which includes part or all of a, and part or all of a 2.
Without loss of generality, we can partition z as

aiM

• alMC

z = a. (2.3.1 - 11)

a2MC

a 3

aM]
aim

where XM ... . aiM and a2M are thus those parts of a, and a 2 respectively which
*C[2M

are included in the model and a1MC and a2MC are the remaining elements of a, and a 2.
The reason that aim may not be all of a, and that a2M may not be all of a 2 is to provide
a simplification of the model to maintain mathematical tractability.

• Again, for notational convenience, we define

rDM
YM I ... (2.3.1-12)
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where DM are the digital control variables used to determine alm in the model. Corre-
spondingly, the vector DMC is the digital control variable used to determine a1Mc. The
models TM(s, YM) and TM(DM) are defined notationally as

TM(DM) = TM(s, YM) = TM(s, XM) (2.3.1- 13)

Returning to the tuning algorithm, there is generally a desired value of the character-

ization parameter Ob(D) or, more precisely, O(T(s, X)), say OD. The expression

(TMOM)) = IOD (2.3.1 - 14)

is often mathematically tractable and the initial value of D, Do, is often obtained by
solving (14) for DM and then defining 0

Do (2.3.1- 15)

where DMC is some simple estimation of DMC. Often DMC is of dimension 0 (i.e., all
digital control variables are used in the model).

Although not shown in Fig. 1, the tuning problem is somewhat complicated because
there are errors associated with the measurement of the characterization parameters; in
particular, 0

O(D,) = OA(D,) + e, (2.3.1 - 16)

where OA(Di) is the actual value of the characterization parameter and ei is the error
associated with this parameter measurement.

Varying tuning algorithms based upon the above tuning strategy differ only in the
way the sequence < Di > is determined. Although this is a seemingly simple problem,
the task of obtaining a optimal tuning sequence or even any sequence which converges to
an acceptable value, DA, is quite challenging. A few comments about the tuning problem
follow. •

First, the tuning problem can be strictly viewed as an optimization problem with
the goal to determine the sequence < Di > which minimizes the cost function. Various
forms of a deepest descent algorithm are widely available for this problem. Unfortunately,
even for relatively low order systems these types of algorithms tend to converge to local
minimums which do not meet the desired specifications. These algorithms are typically
independent of the functional form of TACT(s, X) and, as such, ignore much information
about the system.

Second, the tuning problem in the literature is often based upon the assumption
that TACT(s, X) is precisely known. Three algorithms based upon this assumption were

summarized by Hocevor and Trick (331 in 1982. Even in this case, the tuning problem is
non trivial. Most of these works were based upon the assumption that all trims were to
be through the unidirectional adjustment of resistor values.
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2.3.3 "Simplified" System Model based Tuning Algorithm

A heuristic tuning algorithm is discussed in this section. This tuning algorithm is
based upon obtaining a good model of the system which can be used in conjunction with
measured paramater values to predict optimal changes in the tuning paramaters. This
tuning algorithm will converge in two iterations if the system model is close to the actual
system. Deviations in the system model from the actual system will limit tuning accdracy.
The tuning algorithm at this stage will be restricted to the second-order OTA-based
biquad of Fig. 2.2-3' which is repeated in Fig. 2.3.3-1. This circuit is configured to
implement the bandpass transfer function. Extension of this approach to more general
system functions can be made.

The Algorithm

Assume that the filter specifications of interest are the center frequency, quality factor
and maximum gain defined respectively by the equations

I -IJ -" /W3dB Iw3dB2

•Q1 = 0o

W3dB1 - W3dB2

Hlaz =a WITAcT(jW)I

where W3dB1 and Uw3dB2 are the 3dB cutoff frequencies and TACT(S) is the actual system
transfer function.

If the system is exactly second-order, then u)', Q' and H' a are equal to the pole
* resonant frequency, pole Q and peak gain respectively. In the presence of parasitics which

cause over-ordering of the system transfer function or other factors which cause the model
to deviate from the actual system function, w' and Q' will differ from the wo and Q of the
dominant pole pair and Hm4ax will differ from the actual resonant frequency gain.

It is assumed here that wo, Q' and Hmax, or more appropriately, estimates of these
parameters denoted by : Q' and H respectively will be determined from a small
number of measured samples of the system transfer function at a finite set of frequencies.
Various methods of obtaining these estimates are available. Details of obtaining these
estimates will not be addressed here.

9 The system of Fig. llb will be assumed to be ideally modelled by the system transfer
function

Hmoz ~
Tms) Qs (2.3.3-1)2 + +
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9gm2gm3

Q = WOgC 9m2 FC/ (2.3.3-2)
gns gS C6s

HMZ m4

The transconductance parameters, gmi, are each controlled via two digital control
words. One of these corresponds to the fine adjustment which establishes the analog
output voltage of the DAC (V,) and the other corresponds to the coarse adjustment which
selects the appropriate mirror stage of the OTA. As was described in Section 2.1.3, the
capacitor values, C6 and C7 are also digitally controllable. At this stage, we will leave
C6 and C7 fixed and implement the proposed tuning algorithm by only adjusting the g"
paramaters.

Since only three system parameters, w0 , Q and Hmaz, are of interest, we will further
reduce the degrees of freedom in our tuning algorithm to the adjustment of the parameters,
g9m2, gim3, g 4 and gms subject to the constraint that gm2 and gn3 are equal and adjusted
together. If the system is ideal, it thus follows from (2.3.3-2) that W, adjustment is
achieveable by adjusting gn2 = g,,,3. Q adjustment is then achieveable by adjusting

. g,,ns. Note that adjusting Q does not affect wo. Finally, Hma adjustment is achievable
by adjusting 9m4. Note that adjusting Hmaz, via gm4 ideally does not affect either the
previous wo or Q adjustment.

In the presence of over-ordering due to inclusion of parasitics in the system model,
the complete independence of adjustment of the three system parameters will be lost. For
modest parasitics, however, the interdependence between these control parameters will be
weak but may force interation during tuning to obtain good system performance. At this
stage we shall consider only V,, the fine control of the OTA, as the control parameter for
tuning the filters. The control mechanism relating the gm of the OTA's to their control

0 voltage or tail voltage, V,.. is characterized by the linear equation

gn,(v,,) = MiK - i [Vc, - Vss - VT], for i = 1, ...5, (2.3.3-3)

where K , and VT are the process dependent transconductance and threshold voltage
parameters Mi is the output stage mirror gain and Wi, Li, are the width and length of

* the input differential pair devices. This can also be expressed as,

gm,(v.i) = mi(KI, M,, W,, L,) [vc + bi(V',) (2.3.3 - 4)

where mi and bi model the slope and x-intercept of gi. as a function of the control voltage
(V,) and the process and. design parameters (Ki, VT,, Mi, Wi and Li).

Capacitors, Ce and C7 are selected from an array of discrete capacitor values modelled
by the following expression

C,i = AiCpoly, for j = 6, 7 (2.3.3-5)
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where Ai is the designed capacitor area for each element of the capacitor array, and Cpo01 ,
is the process dependent capacitance density of poly-I to poly-2.

If the parameters mi and bi are known and if the system is perfectly characterized
by (2.3.3-1) and (2.3.3-2), then (2.3.3-4), (2.3.3-1) and (2.3.3-2) can be solved simulta-
neously for the control voltages V, 2 , VK3 , V 4 , and V,:5 thus solving the tuning problem.
Unfortunately, process paramater variations in K , VT,, Wi, Li and the mirror gains makes •
exact tuning by deterministic solution of these equations impossible.

A discussion of a sequential tuning algorithm based upon measurements of the actual
system transfer function follows. If the system model (2.3.3-1) is ideal and if system
function measurements are errorless, this algorithm will converge after two iterations. In
practice, modelling and measurement errors do exist thus necessitating additional iteration.
A systematic discussion of the tuning algorithm based upon assuming an ideal system
model follows.

(1) Set the initial process (control) parameters (M' 1 , K' ( ' ) , VT,, Li and Wi or, alter- *

nately, m ' ) and b$') to their ideal (nominal) value3.

(2) Measure wo Q() and H, '(W), of the physical filter.

(3) Make an improved estimate of the system process parameters mi and bi of (2.3.3-4)
for i =1, 3, 4, 5.

(4) Theoretically adjust w',, Q' and Hm4az to their design values using the simplified model
for the control system with the updated estimates for control parameters.

(2) (2)
(5) Measure ), Q'(2 ) and H4'2Z of the physical filter.

(6) Update parameters of step (3). Make an improved estimate of the system process
parameters mi and bi based upon the measurements at Steps (2) and (5).

(7) Repeat the adjustments or tuning process of Step (4) with a more exact model for the
control system.

Thus after two sets of measurements the complete system model has been extracted
and the system "tuned".

The following is a more detailed step by step procedure, describing the specific system
models and design equations used by this tuning algorithm.

(1) Set the initial control parameters gin2 through g, of the OTA's, and the capacitors
C 6 , C7) to their ideal values, assuming gin2 = gm, using the equation (2.3.3-2).

From (2.3.3-3) and (2.3.3-4), the paramaters mi and bi at the first iteration, denoted
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by m l) and b ) , are given by

=(v,,+ )) i =2, 3, 4, 5 (2.3.3-6)

(1)w i =2, 3, 4, 5 (2.3.3- 7)

where V(), Mp4), K ( ) w1), and L ') are the nominal values of the process and design
parameters.

From (2.3.3-2) and (2.3.3-4), the control voltages at the first iteration thus become,

V C) (1) b 0) i=2, 3 (2.3.3-8)

where C(1) is the nominal value of C6 and C7 which are assumed equal.

To obtain Q control via g,,, 6 , observe from (2.3.3-2) that with C6 = C7

gn= 2 WOC (2.3.3 -9)

* Thus from (2.3.3-4) and (2.3.3-9)

V( ' ) = b()(_ 1)  (2.3.3- 10)

* Note that the coarse adjustment, MV! ) , needs to be set so that Vc, as provided by (2.3.3-
10) can assume an acceptable value. Typically, one would set, to within the available
quantization range,

M(I) - (2.3.3- 11)0 Q

Finally, from (2.3.3-2) the control voltage V (1) must be set so that

gn,= g,m., Hmaz - HmazWoC (2.3.3 - 12)
Q

* which, from (2.3.3-4) becomes

S- C(°Hmaz - b( l )  (2.3.3 - 13)

Q4

* As for MP ) the coarse mirror gain should be set so that, to within the available quanti-
zation range,

M(1)Bfrnaz (2.3.3- 14)
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(2) Measure the actual () Q(l) and H(,') . of the physical filter.

(3) and (4) The updated values of mi and bi will be denoted as m 2) and b 2). Since only

three measurements have been made, wo , Q(l) and H ) , we have only three degrees

of freedom from which to estimate the 6 parameters m2), M(42), M , b2 ), b (2) and

b(2). At this iteration step it will be assumed that 0

i2) = bi 1)  i= 2, 3, 4, 5 (2.3.3- 15)

To obtain (2)bsvef
To obtain m 2 ), observe from (2.3.3-2) and (2.3.3-4) that if gn2 = gmn3, then

M2(Vc 2 4- b2 ) (2.3.3- 16)

Solving for m 2 with the measured value of w,'(w ' (1)) and assuming C6 = C 7 = C(l),

we obtain the approximate expression for the updated values of m2 and m3

2)= M (2l)C (2.3.3 - 17)

Substituting this for m2 in (2.3.3-16), we obtain 9

V2 V (2 ) [VQ) + bW)] W 41) (2.3.3 - 18)

(2)
To obtain m. , observe from (2.3.3-2) and (2.3.3-4) that 0

= Q (2.3.3- 19)n =(Vcr. + bs)Q

Thus, we may approximate the next iterate for m5 by 0

J~Il)c7
(2) = -Wo C7= (V + b(1))QI(1) (2.3.3 - 20)

SC5 5 "

Substituting this into (2.3.3-19), we obtain a new estimate of Vcs denoted by 0

V(2)- Q'()9) (V(1) + i )  b () (2.3.3- 21)

Finally, to obtain m4 , observe from (2.3.3-2) and (2.3.3-4) that

= H'ms (Vc5 + b5' (2.3.3-22)Maz kC 4 + b4
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Thus, we may approximate the next iterate for m 4 by

m(2) _ It(~~ ) (V(15) + b6(1)

SH'(1) ( + b ' (2.3.3 - 23)

Substituting this into (2.3.3-22) for M 4 and solving for Vc 4 , we obtain a new estimate for
Vc 4 denoted by

2') =H'ax Ms ,,1i )  bI )(.. - 4
C4 Hma,(m) ((')

(5)2 Measur wC42 4I2 2)233 4
(5) Measure , Q,(2) and H,,ax of the physical filter with the updated control voltages,

V(U)3

(6) and (7) To obtain m23 ) and "'3) when g,, = g, 3,, observe from (2.3.3-16) that

W, 2 (V + 6) (2.3.3- 25)
V'-c67

1(2 M2V (2) +hb)
WoC(2)_ - 2  + 62) (2.3.3-26)

Solving these two equations simultaneously, we obtain the exact values for m2 and b2

which are denoted by m23 ) and 2 ) as given by the expressions

V(2) 1(1) V(1) 1(2)
=~~ 1(2) 0 2  (2.3.3-27)

I M(2) _ (1)

M(3) = NC 7( O(..-8S(V( 1 ) V (2.3.3 - 28)
C2 C2

Thus from (2.3.3-16)

-V (3 vi _ vC2) - b( (2.3.3 - 29)
C2 1) 1 ) 2(3)( ) oC

To obtain m ) and b(, observe from (2.3.3-19) that

* _(_)C'7 = ms'() +b 5) (2.3.3- 30)

Q(I) isC 's+
(2)

)0 - = m (2) + b) (2.3.3 -31)

Q ( 2) .3-
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Solving these two equations simultaneously, we obtain the exact values for m 5 and bs which
are denoted by m ( ) and b(3) as given by the expressions

V,(I)Q'O),( 2) _ vQ(2)w'(2),'O)
(3) Q( 2) _Q)o0) (2.3.3-32)

,'()Q'(2)(V(1 - VSW))

Thus from (2.3.3-19)

s) (3 C77 b(3 ) (2.3.3-34)

Finally, from (2.3.3-22) we obtain

H'(1) m(V(4) + b4) (2.3.3 -35)max (V(3)-

+ CS)

M- m(V () + b')H m(V , + b,) (2.3.3 - 36)

where ms and bs are the exact values for m5 and b5 as denoted by m. and bs3 ) in (2.3.3-
32) and (2.3.3-33). Solving these two equations simultaneously, we obtain the exact values
for m4 and b4 which are denoted by m(3) and b(3) as given by the expressions

b()=VcO) 1,(2) _ V (2) H,(l)4 C4 -a C4 ma (2.3.3 - 37)
bi3) = mi(1) 1~r(2)

axWZ _ H4m),Z
(Hm,(1) H (2)

M4 = m'V ( ) + bs)V (Ha) -V (2) (2.3.3- 38)

Thus from (2.3.3-22)

V(=) = fImaz(m 5 )(V(3 ) + bs) (3) (2.3.3 - 39)
- (3) 4
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Discussion

The main advantage of this algorithm, is that it converges to a solution with only two
sets of frequency response measurements. This offers an improvement in speed over other
approaches.

There are limitations associated with this algorithm, since it relies heavily on a priori
knowing the exact model for the physical control system. The primary limitations are

(a) mismatches in g,,, 2 and gin,

(b) measurement or computational errors

(c) transfer function over-ordering

(d) high sensitivities to measured parameters

These limitations become more severe at the second stage of the iteration (e.g., Step
(6) above) thus justifying stopping after the first stage in some applications. This algorithm
will be most useful for obtaining an initial approximation (coarse adjustment) or a tune
when the system model very closely approximates the actual system. This initial coarse
adjustment may be very important if a standard optimization algorithm is used since many
optimization algorithms are inherently plagued by convergence to local minimums when
the initial characteristic paramaters are not sufficiently close to those corresponding to the
global minimums.

2
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2.3.4 TUNING ALGORITHM USING CONVENTIONAL OPTIMIZATION 0

There are several general tuning algorithms for conventional active RC filters reported
in the literature [33] - [341. Optimization has been used in many aspects of circuit design
[35-38]. One of these methods, the least squares method [33, 39] consists of minimizing
the error, E, between the actual and the desired transfer function. This is formulated as:

E = IIFAcT(W, al, a2 0 + Aa 20) - FDES(W, a0, a20)12 (2.3.4- 1)

Emi = min E = min FACT(W, al, a 20 + Aa120) - FDES(W, ai0, a20)11 2  (2.3.4 - 2)

where FDES is the desired transfer function, FACT is the actual transfer function, w is
the radian frequency, a, is the vector of controllable (tuning) parameters, a 2 is the vector
of remaining components (assumed measurable), alo and a 20 are the nominal values, and
Aa 20 is assumed to be the undesired but measurable change in the untuned values. The
norm specified is (2.3.4-1) is based upon sampling FACT and FDEs at a predetermined
fixed and finite set of frequencies, wl, . wh In this work , the norm was restricted
to the sum of the squares of the functional differences and the functions themselves were
the desired and actual transfer function magnitudes. The functional form of FACT may
be unknown with the values of FACT being obtained by actual measurements. Later,
we will discuss the tuning problem when a 2 consists not only of measurable but several
unmeasurable components.

The general solution of (2.3.4-2) (following Strategy 1 presented in Section 2.3.1)
using conventional optimization consists of:

Step 1) Select initial vectors alo and a2o to obtain FDES.

Step 2) Select the tuning frequencies and measure FACT and calculate FDES.

Step 3) Evaluate (2.3.4-1), if E is an acceptable predetermined small value the tuning is
complete, then go to Step 6.

Step 4) If E is not acceptable modify a, as alh + Aal. Note that Aal must be chosen
according to an optimization strategy. alk is the previous value of a, obtained at the
k - 1 step in the interation. By definition, this interation starts with alo

Step 5) Go back to Step 2. •

Step 6) Tuning has been completed and the correction vector Aal has been found that
minimizes (2.3.4-1).

The optimization strategies used in this report include:
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(i) Methods using only the functional values, denoted as direct methods 139, 401.

(ii) The methods making use of both functional values as well as the first-order derivatives.
These methods are called gradient methods [39, 41, 42].

The methods in category (i) are often less efficient than methods in category (ii).
However, there are situations where methods in category (ii) cannot be applied because
no first-order derivative information is available. In other cases, where the error (or cost)
function has many local extrema, the methods in (ii) may be more prone to converge to
unacceptable local extrema.

The direct methods explore a neighborhood of a chosen initial point alo. If a promising
direction is found, then the error function is evaluated in the same direction by increasing
the step size until no points a, with lower error function is located. After several consec-
utive step size decreases, a new exploratory search is initiated. These methods try to find
directious that minimiz, . the error function and follow those directions. The fundamental

* differences among the direct methods is the way they generate the exploratory directions.

Rosenbrock's method [39] involves an exploratory search by generating n mutually
orthogonal directions in each cycle. A cycle ends when at least one trial has been successful
and one trial failed in every direction.

Powell's method [40] is differen, from Rosenbrock's in that the exploratory search tries
to locate the minima rather than points with lower error functional values and that search
along the conjugate directions rather than orthogonal directions.

* Gradient Methods !39, 41, 42] use the fact that the negative of the gradient vector rk

gives the direction of the fastest decrease of the error function E(al) in the neighborhood
of a,. Assume that starting from alo, vectors a 11, . ., al,, have been generated. The
next vector al(k+l) is chosen as

• al(1.) = al(k) - tkrk (2.3.4 - 3)

where rk = vE(aik) and tk is some positive scalar quantity and is determined by solving
the one-dimensional minimization problem

min E(alk - tkrk) (2.3.4 - 4)
tA >0

This version of the gradient method is called the optimal gradient method. Some of
the most popular gradient methods have been reported by Fletcher and Powell [41]. In
particular, for the steepest descent, we have

* (2.3.4-5)• -- I117 Ell "

for the Fletcher and Powell Technique [411

rk "" Hr V Ek (2.3.4-6)
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where Hk is the kth approximation to the inverse of the Hessian matrix H, (Hij
a2E/a 11aa1 j). A linear search is required for this approximation. R. Fletcher (421
in 1970 reported an approach based upon a variable metric method (VMM) in which the
linear search sub-problem no longer becomes necessary.

A "hard" problem with respect to optimization can be characterized in a number of
ways:

i) Large number of independent variables

ii) Large number of local minima

iii) Large number of solutions, many of which are unacceptable

iv) Little knowledge of the solution or whether it exists

v) Complicated constraints on the variables

vi) Highly nonlinear space in the region of the solution

vii) The order of the system model is lower than the (physical) system to be optimized
(Over-Ordering).

Characteristic vii) is due to the fact that all (or some) parasitic components are ne-
glected or can not be measured in the physical system model of systems such as the DCASP
structure discussed previously. The problem of functionally tuning most filter structures in
general and specifically, the problem of tuning OTA-C filters using optimization techniques
is difficult, since most of the above characteristics are inherent in these circuit structures.

Remarks

* Selection of Optimization Algorithm

It is important that a good starting point (initial guess) be determined for a given
circuit before an attempt is made to tune that circuit. Observe that for a poor initial
guess, gradient information is far too local and aids very little. In fact, in very nonlinear
problems, truncated Taylor Series methods using derivative information perform poorly.
Besides, in these cases a Hessian approximation by first derivatives is as ineffective, math-
ematically, as any quasi-Newton technique. Direct methods in many cases can provide,
in particular when a poor initial guess is available, feasible solutions, although they have
poor convergence properties close to the solution. An optimum switching procedure for
changing from one algorithm to another may be desirable.

2
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*Selection of Frequency Points and Weighting

Indiscriminate use of excess points might lead to ill conditioning of the resulting
system of non-linear equations. It is often recommended to take twice the number of
variable elements as an acceptable number of frequency points. On the other hand, the
number of evaluations of the error function as well as the number of frequency points must
be kept small to reduce the tuning time. Besides, weighting applied to a few optimally
placed frequency points is usually needed. There are cases where a fixed weighting or
sampling strategy is not convenient over the entire optimization process.

Results and Discussion

Conventional direct optimization algorithms of Rosenbrock [39] and Powell [40] were
applied to tune several sample filters. Convergence for second-order transfer functions or
cascade of second-order transfer functions was relatively easy to obtain for good initial
guesses.

For high-order transfer functions we have applied the direct optimization techniques
to a fourth-order transfer function. We split this problem into two cases; a) Product of
two second-ordertransfer functions, and b) Ratio of two fourth-order polynomials. In both
cases, for poor ini'tial guesses the convergence was poor. For good initial guesses, the ratio
of polynomials (Case b)) model presented convergence problems.

For illustration purposes consider the following cases. Consider initially a 4th order
* Chebyshev Bandpass Filter scaled at w, = 1. The general form of the transfer function is

characterized by:

HDES I (s) b,,s bl, s (2.3.4 - -7)
a21 S2 +allsa+ a01 a2 2 S2 + als + ao2

HDES can also be expressed in rational fraction form as:

B2S2 (2.3.4- -8)
* HDES2(S) = A 4 S4 + A 3s3 + A 2.92 + A 1s + Ao

The desired coefficient values are assumed to be:

{b1 ,, a2., al1, ao,} = {0.146, 1, 1.1069, 0.08706}

* {b 12 , a2,, a12 , a02} = {0.130, 1,0.88149, 0.07751}

{B2 , A 4 , A3 , A2 , A1 , Ao} = {0.01898, 1, 0.16457, 1.9951, 0.16254, 0,97572}

The importance of the initial guess (preliminary design) in filter design optimization is
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emphasized by the following numerical examples. In all cases 16 frequency points were
chosen and the Rosenbrock Optimization Technique was employed to obtain the final
design.

Fig. 2.3.4-1 shows the frequency responses of the initial design, desired and final
design for the rational fraction form of the response (2.3.4-8) HDES2 (s). The final design
is based upon convergence of the Rosenbrock algorithm to a local minimum. Similarly,
Fig. 2.3.4-2 and Fig. 2.3.4-3 illustrate the optimiztion for HDEsI() of (2.3.4-7). The
initial guess for the later two optimizations were close enough to provide a final design
matching very well the desired response for HpESI(s).

Observations

Solutions are very much dependent on the initial (guess) design. Even though an initial
design aI, a,,, a 1}0 _ {0.09, 1, .06, 1.0} and
{bl,, a2,, a 1, ao2}o = {0.095, 1.0, .056, .08}] for the optimization depicted in Fig.
2.3.4-1 has a shape very similar to that of the desired response, the final response differs 0
significantly from the desired response.

The initial guess [{bi, , a2,, a,,, }ao0 = {0.9, 1, 0.5, 40} and {b12 , a2 2 , a 12 , ao2} =

{0.8, 1, 0.487, 501} for the optimization depicted in Fig. 2.3.4-2 ik relatively far from the
desired response; however, convergence to the desired response .- achieved. The initial
guess for the optimization of Fig. 2.3.4-3 [{bl 1 , a2 ,, a,1, =a } , 1.0, 0.088, 100}
and {bl,, a2,, a,., an.} 0 = {0.12, 1.0, 0.076, 0.98}] has a very ,!,:,rent shape from the
desired response but the algorithm is capable of meeting specificat , in the final design.

The optimization prcICern is difficult, in particular, when one or :,:,,re of the following
conditions exist: •

e Large number of independent variables

e Large number of local minima

* Little knowledge of the solution or whether iL exists

• Complicated constraints on the variables

* Highly nonlinear space in the region of the solution

e The order of the system model is lower than the (physical) system to be optimized.

The tuning of OTA-C filters involves most of the problems above mentioned.

When a good model of the system is available the convergence of the optimization
algorithm improved drastically. These results are presented in Section. 2.3.3, with a
modified Newton-Raphson technique. However, when the order of this physical system is
greater than the order of the simplified model, severe problems of convergence arise.

m
2.3-18



U,)

cc ci w *4

uj)

* 44

_ _ _ _ _ _2.3-19



CHEB~t)HEV BP FILTE-P

12.0

IDA

0-0

0617

Fig. 2.3.4-2 Chebyshev BP Filter

2.3-20



ww

uI.

2.-2



2.4 DCASP TUNING HOST

The purpose of the tuning host is to provide an environment for the development and
testing of tuning algorithms as well as hardware confirmation of the CSP and performance
detector. In previous sections, we have investigated the basic architecture and control
algorithms of a digital controller/performance detector/CSP scheme. The tuning host
plays the role of a preliminary version of the digital controller which will be used during
the development stage.

The characterization of the CSP and performance detector will be handled sequen-
tially. Initially, the tuning host will be configured to test the CSP. In this characterization,
both the exciter and the performance detector will be standard external test equipment.
The tuning host is a PC-based measurement and control system which interfaces several
pieces of test equipment.

2.4-I Hardware and Software

* A block diagram of the DCASP Tuning Host System is shown in Figure 2.4-1. This
configuration includes: An HD6801 Single Chip Microcomputer, as the CSP controller; an
HP Vectra Personal Computer (IBM AT compatible), as the tuning host controller; an
HP3585A Spectrum Analyzer, as the Performance Detector; and an HP plotter to provide
graphical output.

The HP Vectra is an 80286-based personal computer which is widely used for instru-
mentation purposes. As a tuning host, this system is configured as follows:

1. 20 Mb Hard disk

2. 1 Mb RAM

3. HP-IB Instrument Interface Bus

4. Interface Bus0

5. Serial Communication Port

6. Parallel Port

* 7. 80287 Co-processor

* 2.4-1
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As shown in Fig. 2.4-2(a), the HD 6801 is an 8-bit single chip microcomputer unit
which includes 128 bytes of RAM, Serial Communication Interface (SCI), four Parallel I/O
ports, a three-function programmable timer, and 2068, 4096 or 8192 bytes of EPROM on
a single package. The HD 6801 is used to provide mechanisms for controlling the CSP.
A schematic diagram of CSP Controller circuit is shown in Figure 2.4-3, where Port 3
(P3) and Port 4 (P4) of the HD6801 computer are used to address controlling data to
program the CSP chip. There is a row of seven switches on board, 3 of which determine
the operating mode of the HD6801 and the remainder of which determine which program
is to be run. The on-chip Serial Communication Interface (SCI) is also used to provide
linkings between the CSP and the host computer. The SCI includes four addressable
registers as depicted in Figure 2.4-2(b). It is controlled by the Rate and Mode Control
Register (RMCR) and the Transmit/Receive Control and Status Register (TRCSR). Data
is transmitted and received utilizing a write-only Transmitted Data Register (TDR) and
a read-only Transmitted Data Register (TDR) and a read-only Received Data Register
kRDR). The shift registers are not accessible to software. In addition, a 4.9152 MHZ
clock is used to provide the right baud rate for communication. The HP 3585A Spectrum

* Analyzer (see Fig. 2.4-4) covers the 10Hz to 40.1 MHz frequency range. It can be used as a
stand-alone bench instrument, or, through its IEEE-488 interface, it can be connected to
a computer controller (the Vectra PC in this application). The 3585A provides a graphic
display of the spectral components of the input signal. Its tracking generator can be used
as a driv4 signal for the test circuit. In addition, the parameters are entered by keyboard

* instead of more coventional knobs. The keyboard controls are completely programmable
through its IEEE-488 interface.

* 2.4.1.1 Software Environment:

Various software has been developed on both the Host computer and the CSP con-
troller to provide some basic functions to support tuning development. They are classified
into the following groups in accordance with their usages:

0
1. Data link Modules:

This library is written for asynchronous serial communication between the HD6801
and the Vectra host. The data link protocol adopted here is a subset of the Semi Equip-

* ment Communication Standard 1 (SECS-1) data link protocol. This standard defines
point-to-point communication of messages utilizing RS-232-C and voltage levels. The op-
eration of the protocol is best understood by following the flow diagram in Figure 2.4-5
assuming that the same protocol is implemented on both Vectra and HD6801 sides. There
are five major functions (subroutines) which have been written. On the Vectra side, the C

* language is used; while on the CSP side, 6801 Assembly language is used:

(i) Initialization (Subroutine "Comm-initm" on Vectra, "INITSCP' on HD6801)

* 2.4-3
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Both the communication port on Vectra and the SCI on HD6801 should be initialized
to the same parameters such that they can communicate each other. These parameters
are:

Baud Rate = 9600 bps

Parity Checking = None

Stop bits 1

Data bits - 8

On the Vectra side, the initialization of the serial asynchronous communication port

can be done by using the internal interrupt (Interrupt vector = 14H) supported by the
Basic Input and Output System (BIOS) on the PC. The 9interrupt uses three parameters
and passes them by registers AH, AL, and DX, where DX contains the current serial port
address and AH contains the operation code. When the initialization is desired, AH is set
to zero and AL is loaded with the parameters. After initializing, the completion status of
the serial port will be returned in registers AH and AL.

On the HD6801 side the "INITSCI" routine initializes the SCI port (See Fig. 2.4-2(b))
by sending parameters to the RMCR (Rate and Mode Control Register) and enabling the
TRCSR (Transmit/Receive Control and Status Register) with Transmit/Receive modes.
A status code can also be read after completion of initialization.

(ii) Send-single-character ("send (c)" on Vectra, "SENDA" on HD6801) This function
transmits a single character to the serial output line. On the Vectra side, the interrupt
14H is used by setting DX = 0; AH = 1 (indicates transmitting); and the AL register
is loaded with the character to be transmitted. On the HD6801 side, the character is
sent to the TDR (Transmitted Data Register) on the SCI port.

(iii) Listen-single-character ("listen (c)" on Vectra, "RCVA" on HD6801) This function
receives a single character from the serial input line. One the Vectra side, the interrupt •
14H is used by setting DX = 0; AH = 2 (which means receiving). On the HD6801
side, the character is read from the RDR (Received Data Register) on the SCI port.

(iv) Transmitting ("link-transmit (N, buffer)" on Vectra, "TRLINK" on HD6801) The
rountines allow transmitting a block of characters with length N using the data link •
protocol as shown in Figure 2.4-5. The data link is initiated by sending an ENQ to
request the other end to receive. The sender waits for the EOT character which should
be replied by the receiver. Once a send or receive state has been properly established,
both ends of the data link are prepared for communication. The first character sent is
a length byte (N), then the following N bytes are sent. A 16-bit checksum calculated •
by summing these N bytes is then transmitted. A correctly received message should
cause the receiver respond an ACK character, otherwise, an NAK character will be
returned.
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(v) Receiving ("link-receive (N, buffer)" on Vectra, "RCVLINK" on HD6801): This pro-
cedure receives a block )f characters and stores them in the "buffer" area. After
receiving an ENQ characters, the receiver replies an "EOT" character to indicate
readiness for the length byte(N) and data from the sender. After the last character
is received, the receiver compares the two check bytes against its own computation of
the checksum. An improper checksum will let the receiver send a NAK(Not Acknowl-
edged) to the sender. If the message is received correctly, the receiver will return an
ACK to the sender.

2. Spectrum Measurement Modules:

These procedures (subroutines) are written in the C language to access the HP3585A
remotely through the IEEE-488 (or HP-IB) bus by calling the "HP-IB Command Library"
which is supported by Hewlett Packard. The Spectrum Measurement Modules are de-
veloped to collect reliable data measured from the HP3585A, which is used to provide
accurate performance information for Tuning test. A brief description of these modules is
given below:

(i) Spectrum Reading routine:

Calling Sequence:

Samples (amplitude, frequency, a-or-b, no-of-samples, linear, ref-level, db-dir, start-f,
stop-f)

The input parameters are defined as follows:

amplitude: the starting address of amplitude data array

frequency: the starting address of frequency data array

a-or-b: a flag indicating which trace (A or B) to be read on the HP3585A
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no-of-samples: an integer specifying how many data pairs(amplitude and fre-
quency) to be sampled.

linear: a flag which determines the data pairs are sampled in either a
logarithmic or a linear scale with respect to the frequency axis.

ref-level: reference level on the HP3585A

db-div: dB per division on the HP3585A

start-f: start frequency on the HP3585A

stop-f: stop frequency on the HP3585A

This subroutine reads "no-of-samples" pairs of amplitude and frequency data from the
HP3585A spectrum analyzer, where "no-of-samples" ranges from I to 1001. These data
pairs are returned in the "frequency" and "amplitude" arrays to the calling program.

0

(ii) Spectrum Concatenate Routine:

Calling Sequence:
O

Concat (amplitude, frequency, a-or-b, samples-per-decade, ref-level,db-div, start-f,
stop-f)

Most parameter definitions are the same as previous "samples" procedure except the
* "samples-per-decade." When calling "samples" routine by setting "linear" flag to zero, we

can sample the displaying trace on the HP3585A logarithmically. However, if the spectrum
spans several decades in frequency, the quantizing errors may be considerably large since
the HP3585A is not log scaled in frequency axis. Therefore, the "concat" routine will
sample all decades in the frequency span and then "concatenate" these decades together.

* The parameter "samples-per-decade" specifies the number of data pairs to be sampled for
each decade. The number of decades of frequency span is determined by computing the log
difference between the start frequency and the stop frequency. Then, for each decade, the
routine will automatically set up the spectrum analyszer and prompt the operator pressing
any key to read the data pairs if a trustful data on the HP3585A is available. Therefore,

* "concat" is also a routine which needs interactive responses.

(iii) Spectrum Saving Routine

* Calling Sequence:

Savetrace (tracename, amplitude, frequency, length)
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The parameter "tracename" is an 8-character string specifying the saving file name. The
"length" is an integer specifying the size of data arrays. This routine will save the data •
arrays "amplitude" and *frequency" to a specified disk file with compact binary form.

(iv) Spectrum Loading Routine 0

Calling Sequence:

load trace(tracename, amplitude, frequency, length)

The "loadtrace" routine loads the data arrays from the specified disk file and return the 0
arrays to the calling program.

(v) Spectrum Initialization Routine:

0,
Calling Sequence:

Spec-init 0

The "Spec-init(" is a subroutine which initializes the IEEE-488 bus and enables the HP3585A 0
for remote mode.

(vi) Getting Parameters Routine

Calling Sequence:

get-parm(ref-level, db-div, start-f, stop-f)

All the parameters have been described in spectrum sampling routine "Samples." 0
These parameters are of great importance for Spectrum Measurement Modules and Graph-
ical Output Modules since they uniquely determine the ranges of amplitude and frequency
axises, The "get-parm" routine reads these four parameters from the 3585A and return
them to the calling program.

3. Graphic output Modules:

0

Two different output devices are of interest for graphical output; an HP Plotter and
the CRT Screen. These procedures provide graphical output for analysis and evaluation of
tuning algorithms. The HP Plotter can be any model of plotter which accept HPGL (HP

2.4-12



Graphic Language) instructions. The plotting algorithms developed for both devices are
* essentially the same except for some primitive functions such as line-drawing and labeling.

The plotting routines a-e written in three languages: FORTRAN, C, and 8086 Assembly.
This multi-language !eature provides a more flexible programming environment which is
adaptable to various programming languages.

0 (i) Dot Plotting Routine

Calling Sequence:

pixel (x,y,on-off)

This primitive graphic routine is coded in Assembly language. The routine turns the
specified pixel position (x,y) on or off, depending on the value of on-off flag. This routine
is used by the line-drawing routine to generate a straight line on the CRT screen.

(ii) Screen Mode Routine

Calling Sequence:

screen (mode)

This routine initializes the CRT screen mode as the following:

Mode Description

0 80 x 25 TEXT MODE
1 200 x 320 Color/Graphics, 40 x 25 TEXT MODE
2 200 x 640 HR GRAPHICS, 80 x 25 TEXT MODE

Where mode 2 is set before performing any other plotting functions. This routine is also
written in Assembly.

(iii) Cursor Positioning Routine

Calling Sequence:

* Set-Cursor (row, column)

This procedure sets the cursor position to the specified (row, column) position on the CRT
screen. The "Set-Carsor" is called by the GGLABL routine used for CRT labeling.

(iv) Line Drawing Routines

* Calling Sequence:

GGVEC(xl,yl,x2,y2)- for CRT Screen

HPVEC(xl,yl,x2,y2)-for HP Plotter

The "HPVEC" routine is simply one single line of HPGL (HP Graphics Language) in-
structions which point from (xl, yl) to (x2, y2). The "GGVEC," however, is using more
complicated algorithm to draw a line between two points since the CRT screen is a raster-
scanning graphic device. The GGVEC and HPVEC routines have been called extensively
by the Grid-Plotting and Trace-Plotting routines.
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(v) Labeling Routines:

Calling Sequence: 0

HPLABL(P-string, x, y, direction)-for HP Plotter

GGLABL(P-string, x, y, direction)-for CRT Screen

The "HPLABL" labels a character string (addressed by "P-String") starting from the •
point (x, y) in the direction of "direction" on an HP Plotter. The direction may be either
left to right (default), right to left, bottom to up, or up to bottom. The "GGLABL" does
exactly the same thing except that the output device is the CRT screen. These routines
are called by the Grid-Plotting routines to label the axis, scales, titles. 2tc.

(vi) Grid-Plotting Routines: 0

Calling sequence:

CALL GGGRID (X1,1Y,X2,Y2,XMIN,YMIN,XMAX,YMAX,NGX,NGY,

INSX,NSY,LOGX,LOGY)-for CRT Screen

CALL HPGRID(X1,YI,X2,Y2,XMIN,YMIN,XMAX,YMAX,NGX,NGY,

1NSX,NSY,LOGX,LOGY)-for HP Plotter

GGGRID draws a plotting grid on the page along with scale values for both X and
Y axes, where the 'X' axis is the horizontal axis, and the 'Y' axis is the vertical axis. The
function of HPGRID is to plot the grid oin those plotters accepting HPGL commands. The
calling sequence and input parameters are exactly the same as the GGGRID routine. Both
HPGRID and GGGRID routines were written in FORTRAN.

Input parameters:

Xl is the X page address of left hand bottom corner of the grid
(between 0 and 199) (Integer)

Y1 is the Y page address of left hand bottom corner of the grid
(between 0 and 639) (Integer)

X2 is the X page address of the upper right hand corner of the grid
(between 0 and 199) (Integer)

Y2 is the Y page address of the upper right hand corner of the grid
(between 0 and 639) (Integer)

XMIN is the minimum value of X (Real)

YMIN is the minimum value of Y (Real)

XMAX is the maximum value of X (Real)
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YMAX is the maximum value of Y (Real)

NGX is the number of X grid lines (see linear grids or log grids for a
discussion of how NGX is used). (Integer)

NGY is the number of Y grid lines (see linear grids or log grids for a
discussion of how NGY is used). (Integer)

NSX is the number of X scaling (tic mark) values (see linear grids or
log grids for a discussion of how NSX is used). (Integer)

NSY is the number of Y scaling (tic Laark) values (see linear grids or
log grids for a discussion of how NSY is used). (Integer)

LOGX = 0 if X is to be plotted on a linear scale otherwise X is to be
plotted on a log scale. (See log grids for a discussion of how
LOGX is used.) (Integer)

LOGY = 0 if Y is to be plotted on a linear scale otherwise Y is to be
plotted on a log scale. (See log grids for a discussion of how
LOGY is used.) (Integer)

NGX, NGY, NSX, NSY, LOGX, and LOGY usage for linear
and log grids

The following paragraphs discuss the usage of the number of grid lines, number of scaling
values, and linear-log parameters for linear and log axis. Substitute "X" or "Y" for "?"
wherever "?" appears; for example LOG? stands for LOGX or LOGY. The direction,
left-right-up-down, used in the case of the X axis is always given first; for example, left
(bottom) means left in the case of the X axis or bottom in the case of the Y axis.

Linear Grids (LOG?=O)

NG? The axis is diviied into NG? minus one equal sized sections and
NG? lines are drawn bounding those sections.

NG? equal to one draws only the axis, left (bottom); NG? equal to
two draws the axis and margin, right (top); NG? equal to three
draws a the axis, the margin, and a line a the center; etc.

NS? The axis is divided into NS? minus one equal sized sections
0 and NS? tic marks with scale values are drawn marking the

boundries of those sections. If NS? is less than one, no tic
marks are drawn. When tic marks with scale values are drawn
on the outside of the grid area.

Log Grids (LOG?.NE.O)
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NG? <=0 no decade or sub-decade lines, decade or sub-decade tic
marks, or axis are d'awn. 0
>0 decade and sub-decade lines and/or tic marks are controlled
by LOG? value; axis is controlled by NG?.

= 1 axis, left (bottom), is drawn.

>= 2 axis and margin, right (top), are drawn. 0

LOG? <0 draw any tic marks on the bottom (left) side of the grid
only.
>0 draw any tic marks on the bottom (left) side of the grid and 0
the top (right) side of the grid.
If tic marks are drawn they are drawn inside the grid area.

IABS(LOG?)

=1 don't draw any lines or tic marks.

=2 draw tic marks at decades only.

=3 draw tic marks at decades and sub-decades. 0

=4 draw lines at decades only.

=5 draw lines at decades and tic marks at sub-decades.

=6 draw lines at decades and sub-decades.

NS? <=0 don't draw any scale tic marks or values.

>0 draw scale tic marks with printed powers of ten at each
decade on the outside of the grid area.

(vii) Trace-plotting routines:

Calling Sequence:

spec-plot (trace, freq, length, title,

xpl,ypl,xp2,yp2,

ref-level,db-div,start-f,stop-flinear-x, spectrum-only)-for crt screen.

spec-hp-plot(trace,freq, length, title,

xpl,yplxp2,yp2,

ref-level,db-divstart-f,
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stop-f,linear-x, spectrum-only, pen-number)-for HP Plotter

Input parameter description:

trace( :array containing the data to be plotted.

length : length of data in array trace[ 1.

title : the name of the trace.

xpl,ypl : coordinate of the left lower point.
0

xp2,yp2 : coordinate of the right upper point.

ref-level : reference level.

* db-div : db per division.

start-f : start frequency.

stop-f : stop frequency.

linear-x : a flag indicates the linear scaling is activated along x-axis. If
linear-x = 0 then the x axis is log scaled. The value of linear-x
also indicates the number of grids (or tic marks) to be drawn.
(see the GGRID FORTRAN source for detail)

spectrum-only:

equals 0 if both gridings and spectral informations are desired

equals 1 for drawing only spectral data

pen-number: pen-number is an integer from 1 to 8 which specifies the pen of the hp plotter
to be used to draw the trace.

The routines plot the measured data (in forms of Amplitude and frequency arrays) on
* HP plotter or CRT. Similar to Grid-plotting, many flexible features are provided, and the

same algorithm is applied for both devices.

(III.) Tests of Tuning Host:
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It is very important that the tuning host should be verified to function as expected.
As a result, tests of the software/hardware described above are required.

For the Data Link Modules, Transmitting and Receiving tests have been conducted
between two identical Vectra PC's. The results showed that up to 255 bytes of data
can be successfully transmitted and received in one block using the SECS-1 protocol.
In fact, the protocol we used here is only a subset of SECS-1 in the way that it doesn't
support "timeout" checking. The data link between the Vectra PC and DCASP Controller
(HD6801), has not yet been verified. The maximum "block size" for the Vectra- HD6801
link can be no more than 128 bytes since the HD6801 supports limited on-chip Read-Write
Memory.

In order to test the spectrum measuring as well as Graphic Output procedures, a C
program named "SPEC" has been written. This menu-driven program provides typical
functions such as reading a trace, loading the trace, saving the trace, and plotting the trace
on either CRT or Plotter. The reading routine, which actually just calls the "concatenate"
procedure mentioned previously, shows a really nice feature that significantly increases the
resolution and improves the quantization error due to logarithmic sampling. [Figure 2.4-6]

More tests have been planned to be conducted and more options may be added to the
program "SPEC" to test both spectrum and graphic routine. The data link procedures on
the HD6801 side can be verified by sending some CSP control parameters from the Vectra
PC. After the tuning algorithms are well developed, an "automatic" tuning host can be
implemented by using these modules.
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2.5 CSP Control and Memory Map

The Controlled Signal Processor (CSP) in DCASP-2 is totally programmable and
reconfigurable. A 21 bit system bus is used for configuring the CSP. This system bus is
decomposed into a 12 bit predecode address bus (Ao - A, 1), an 8 bit data bus (D,, .. D)
and a 1 bit clock line. The CSP is comprised of 3 biquads, any or all of which can be used
simultaneously in the creation of system transfer functions of up to 6 th order.

A block diagram of the DCASP-2 architecture which includes the CSP and the per-
formance detector and which shows the address and data bus structure is shown in Fig.
2.5-1. A description of the major blocks in this diagram follows.

1. Level Shifters. The external digital signals are assumed to have standard TTL logic
levels of 0-5 volts. The internal digital circuits use CMOS logic levels of ±5 volts.
The level shifters are simply a pair of CMOS inverters sized to provide the logic
level shift and necessary drive for the internal busses. The level shifter also provides
complementary outputs, as required by the Address Predecode circuitry.

2. Address Predecode. The decoding of a 6 bit address on the address bus at each
addressable element is very awkward. CMOS NAND gates with more than 4 inputs
which could conceptually be used for this purpose are generally deemed impractical.
The 6 bit address bus (Ao - AS) is predecoded into a 12 bit predecoded address bus
(Po - P1I). It can be shown that this allows use of a 3 input NAND gate for final
address decoding at each addressab!e element.

0
3. System Bus. The 21 line system bus is composed of the 8 data lines (Do - D7 ), the 12

predecoded address lines (Po - P 11), and the system clock. The system bus handles
all of the digital system control except for that of the Performance Detector which
has several of its own control lines.

4. Analog Bus. The analog bus is composed of the analog reference voltages and analog
input/output signals for both individual filter biquads and the overall chip. Portions of
the analog bus are purely internal to the CSP and others are also external. The analog
voltage references consist of V,.f+ and Vrf - (which controls the range and resolution
of attainable pole frequencies via the fine adjust of gL 1.2,&)' r.q+ and V,.q- (which
controls the range and resolution of attainable pole Q's via the fine adjustment of
grn44415).

5. CSP (Controlled Signal Processor). The CSP is a digitally controlled analog signal
processing block. The implemented CSP contains transconductance amplifiers with
voltage controlled transconductances and a digitally controlled capacitor array. The
topology of the CSP can also be modified by use of digitally controlled switches.

6. Latch. The latch shown is a 2 bit ADL (Address Decoder and Latch) as described

2.5-1



in Fig. 2.5-2. This ADL (hereafter termed "latch") controls the state of the Input
Switch (SI) and Response Switch (S2 ). Similar latches will be employed at every
addressable element internal to the CSP to perform the final address decode from the
predecoded address bus and to store the required data bits from the data bus.

7. Performance Detector. The measurement system is based upon simultaneous volt-
age sampling of the input excitation and the output response of the CSP at multiple
random time instances with a constant input frequency and amplitude. The resulting
samples are converted by an external A/D to binary data for an external microproces-
sor to compute the gain and phase shift of the system. This combined with a digitally
interfaced external frequency counter provides an automated means of characterizing
the analog signal path.

The CSP itself is further decomposed in the block diagram of Fig. 2.1-1 which is
repeated in Fig. 2.5-3. Each of the biquads which comprise the CSP are as shown in Fig.
2.1-2 which is repeated in Fig. 2.5-4. The OTA's and capacitor arrays of the biquads are
shown in block diagram form in Figures 2.5-5 and 2.5-6.

A discussion of the memory map structure follows.

First the method of controlling each of the basic building block will be discussed. This
will be followed by a discussion of the memory map for the system.

Consider initially the OTA depicted in Fig. 2.5-5. There are two 6-bit busses used
to control the OTA. One is a coarse control and the other a fine control. These were
discussed in Sec. 2.1 of this report. The data bus mapping for the coarse control is shown
in Table 2.5-1 where the gain factor represents the current mirror gain discussed in Sec.
2.1. The fine control based upon using the logarithmic DAC of Sec. 2.1 controls the
transconductance gain as described by the equation

gm -" Am (mV + b) (2.5-1)

where Am is the mirror gain as given in Table 2.5-1, m and b are constants (m =

61.8As/V and b = 257.9jS) and V is the "tail" voltage which appears at the output
of the D/A and is given by

Vi !(I - Ci )

v,vef + (V vf ) - (2.5-2)

where = F7 Di2', C = .01 and Di is the ith bit on the data bus.

From Table 2.1-7 of Sec. 2.1, the data bus mapping to capacitor array values is as
given in Table 2.5-2.

Data bus bits D3 , D 4 and D6 of the Biquad Latch of Fig. 2.5-4 set the biquad
configuration and Do, D, and D 2 interconnect these biquads into the CSP structure. The
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memory map for the setting of each of the biquadratic functions appears in Table 2.5-3.
The memory map for the interconnection scheme for each biquad into the CSP structure
appears in Table 2.5-4.

Finally, the memory map for the addressing scheme is shown in Table 2.5-5. Both
the actual address and the predecode address which is used on the internal data bus is
shown. Note that both the interconnection configuration and biquad function type are set
with the biquad configuration latch. Separate addresses are also provided for the coarse
and fine control of each biquad.

0

0

0

0

0

0

0
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DCASP-2
Do D1  D2  D3 Ds N Cap. (pf)

0 0 0 0 0 0 0.48
0 0 0 0 0 1 0.26
0 1 0 0 0 2 0.30
1 1 0 0 0 3 0.35
0 0 1 0 0 4 0.40
1 0 1 0 0 5 0.46
0 1 1 0 0 6 0.52
1 1 1 0 0 7 0.60
0 0 0 1 0 8 0.68
1 0 0 1 0 9 0.78
0 1 0 1 0 10 0.88
1 1 0 1 0 11 1.00
0 0 1 1 0 12 1.14
1 0 1 1 0 13 1.30
0 1 1 1 0 14 1.47
1 1 1 1 0 15 1.67
0 0 0 0 1 16 1.89
1 0 0 0 1 17 2.15
0 1 0 0 1 18 2.43
1 1 0 0 1 19 2.75

Table 3.5-2 Memory Map for Capacitor Values
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Ds D4  D3  Special Conditions

*Highpass(HP) 1 0 0 gmI=M = 0

Bandpa.s(BP) 0 0Oor 1 0 gmi =0

*Lowpzus(LP) 0 0 0Oorl1 g,4=0

Allpass(AP) 1 1m 1 = = 0

m3= gmS

Lowpass Notch(LPN) 1 1 1 m3= m

9mI > gm2

Highpass Notch (HPN) 1 1 0 gm3 = m

gl< gm2

Table 2.5-3 Memory Map for Function Control of Any Biquad
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0

Connection

D2  Di Do Vi Vo Cascade

X X 1 Excitation
Bus

X 1 X Response
Bus•

1 X X Connect Output of
Biquad to Input of

Next Biquad

Table 2.5-4 Memory Map for CSP Interconnection of any Biquad.
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3.0 DOCUMENTATION

" Monthly progress reports (CDRL #A002) have been prepared and submitted to the
project monitor which summarize the monthly activities of this task. These monthly
progress reports cover each month beginning in January 1987 and ending in September
1987. Although financial support for this project did not start until early March, 1987,
activity supported by alternate sources was ongoing through the months of January
and February to avoid discontinuity associated with retraining new researchers to
work on this project.

" A paper entitled "A Reconfigurable Biquadratic Building Block for Digitally Con-
trolled Continuous-Time Signal Processing", by R. L. Geiger, E. Sinchez-Sinencio,
D. Hiser, K. Peterson and A. Nedungadi which focuses on the original design of the
CSP has been accepted for presentation at GOMAC-87.

* A paper entitled *Performance Characteristics of a CMOS Transconductance Element
Using a Square-Law Compensated Differential Pair" by Ashok Nedungadi and Randall 0
Geiger has been written. This paper focuses on OTA design and will be submitted
for peer review in the near future.

" A paper entitled "Generation of Continuous-Time Two Integrator Loop OTA Filter
Structures", by E. S~inchez-Sinencio, R. Geiger and Horacio Nevarez was presented 0
at the IEEE International Symposium on Circuits and Systems, Philadelphia, May
1987.

" A paper entitled "Amplifier Design Considerations for High Frequency Monolithic
Filters" by Kirk Peterson, Ashok Nedungadi and Randall Geiger which focuses on
high frequency amplifier design was presented at the European Conference on Circuit
theory and Design (ECCTD), Paris, Sept. 1987.

" A paper entitled "Monolithic Programmable State-Variable Biquadratic OTA-Capacitor
(TAC) Filters" by E. Sinchez-Sinencio, S. C. Qin, R. L. Geiger and K. Peterson which
focuses on OTA-based filter design was presented at the European Conference on Cir-
cuit Theory and Design (ECCTD), Paris, Sept. 1987.

" A paper entitled "A Linear Monolithic Active Attenuator with Multiple Output Taps"
by S. C. Qin and R. L. Geiger which focuses on increasing signal swing in OTA struc-
tures was presented at the Midwest Symposium on Circuits and Systems, Syracuse,
New York, August 1987.

" Several integrated test structures have been designed, fabricated and tested. A brief
summary of these structures appears in Table 3.0-1.

Copies of these papers are attached in Appendix A.
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Table 3.0-1

Silicon Test Structures Fabricated for this Project

ID

No. Major Purpose Brief Description

DCASP Implementations:

1 DCASP-1 6th-order general purpose filter block
10 DCASP-2 6th-order general purpose filter block

DCASP Component Test Vehicles:
* 4 Analog switch test cell

6 Programmable capacitor array test cell
7 DCASP-1 digital support logic test cell

OTA Development:
* 3 OTA with 2 selectable output stages

8 Modified OtA with 2 selectable output stages
11 OTA with 6 selectable output stages

DAC Development:

* 5 6-bit 64 element linear resistor string DAC
9 6-bit binary tree linear DAC

12 6-bit binary tree logarithmic DAC

Performance Detectors and S/H's:
* 2 Performance Detector based upon 2/H-I

13 Performance Detector based upon S/H-2
14 Single S/H-3 test cell
17 Performance Detector based upon S, _-I

with modified OP Amp
* 18 Single S/H-3 test cell with modified Op Amp

Performance Detector Subcomponent Test Vehicles:
15 High-Frequency S/H Op Amp
16 Performance Detector -

• Subcomponent Linearities
19 High-Frequency S/H Op Amp with Added Zero
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4.0 Status of Accomplishments

Two generations of the CSP have been designed, fabricated and tested. The most
advanced version, DCASP-2, was designed to have over three decades of center frequency
adjustment and over three decades of bandwidth adjustment. The frequency adjustment
range went from approximately 2KHz to 2MHz. Resolution in center frequency was to
within 0.5% of the nominal center frequency over the entire range and bandwidth resolution
was to within 1%. This circuit was also totally electronically reconfigurable. The basic
functionality, reconfigurability, and the wide adjustment range and fine resolution were
experimentally verified.

A second accomplishment was the realization of a high performance operational transcon-
ductance amplifier. Although not specifically a stated goal, this structure is actually a
major subcomponent in the CSP and should find applications well beyond this project.
This OTA has a wide linear input range and a gain (gin) which can be digitally adjusted
over more than two decades. Resolution to 1% of any value of gn over this entire range is
attained. The performance of this operational transconductance amplifier was experimeal-
tally verified.

* A third accomplishment relates to the tuning problem. A method of measuring the
system transfer characteristics at fixed frequencies was introduced. A method of accurately
approximating system characterization paramaters based upon these measurements was
presented. This was based upon fitting spline functions to the measured data points and
then numerically determining the system paramaters from the spline functions. A tuning

* algorithm based upon these spline function fits which should be practical for a useful class
of system functions was proposed.

A fourth accomplishment was in the design of a monolithic performanc detector.
A performance detector based upon a high speed sample and hold followed by a slower

• precision A/D converter was designed. The key individual building blocks which comprise
this performance detector have been fabricated and tested for basic functionality.

A fifth accomplishment was in the generation of a set of test structures which con-
stitute portions of the CSP and performance detector blocks. These test structures were
fabricated and tested. They are useful for helping characterize the present CSP and per-
formance detector as well as in the refinement of these structures in the next generation
of circuits.

Details about the designs and tests of the circuits mentioned in this section appear in
Sections 1 and 5 of this report.

A sixth accomplishment was in the development of a tuning host. This tuning host
uses a commercial pc-based system and serves as a test vehicle for characterizing the
performance of the blocks internal to the DCASP as well as a vehicle for experimentally
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evaluating the performance of tuning algorithms.
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5.0 TESTS

A total of 20 different test circuits have been fabricated and are reported in this
section. The first 19 are integrated circuit designs and the last is the tuning host which
was constructed on a conventional proto board with a standard microprocessor and "glue
logic" parts. Most of these structures are test circuits which serve as sub-components in
the CSP and/or performance detector. The most important structures are the DCASP-2
block in Sec. 5.10, the high resolution OTA of Sec. 5.11 and the performance detector
block of Sec. 5.13. Most tests have focused on basic functionality and the results have been
briefly summarized to keep the length of this section manageable. More detailed dynamic
measurements of the test calls discussed in Sections 5.10, 5.11 and 5.13 are ongoing and
will be reported in the near future. A discussion of the test results for the tuning host
appears in Sec. 2.4 of this report. A listing of the test vehicles follows.

DCASP Implementations:

Sec. 5.1 DCASP-1 6tb-order general purpose filter block
Sec. 5.10 DCASP-2 6th-order general purpose filter block

DCASP Component Test Vehicles:

Sec. 5.4 Analog switch test cell
Sec. 5.6 Programmable capacitor array test cell
Sec. 5.7 DCASP-1 digital support logic test cell

OTA Development:

Sec. 5.3 OTA with 2 selectable output stages
Sec. 5.8 Modified OTA with 2 selectable output stages
Sec. 5.11 OTA with 6 selectable output stages

DAC Development

Sec. 5.5 6-bit 64 element linear resistor string DAC
Sec. 5.9 6-bit binary tree linear DAC
Sec. 5.12 6-bit binary tree logarithmic DAC
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Performance Detectors and S/H's:

Sec. 5.2 Performance Detector based upon S/H-1
Sec. 5.10 Performance Detector based upon S/H-2
Sec. 5.14 Single S/H-3 test cell
Sec. 5.17 Performance Detector based upon S/H-1 with modified Op Amp
Sec. 5.18 Single S/H-3 test cell with modified Op Amp

Performance Detector Subcomponent Test Vehicles:

Sec. 5.15 High-Frequency S/H Op Amp
Sec. 5.16 Performance Detector - Subcomponent Linearities
Sec. 5.19 High-Frequency S/H Op Amp with Added Zero
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5.1 DCASP-1 61h-Order General Purpose Filter Block

Name: DCASP-1
MOSIS ID: 22143
Fab. ID: M6BYCA-1
Technology: CBPE-MOSIS 3g CMOS double-poly p-well process
Fabricated: December 1986-January 1987
Chip Size: 790014 x 9200u(72.68mm 2)
Active Area: 5700u x 7300/(41.61mm 2)
Number of Pads: 27
Packaging: 64 pin package
Status: Tested

Purpose:

This test chip is used to verify the functionality and measure the performance of
the DCASP implementation. Both the individual and the cascaded biquad structures are
studied.

Description:

The DCASP-1 implementation consists of three cascaded biquad structrues plus asso-
ciated interconnections. The structure has been described in detail in [32] and in previous
sections of this report. The layout of the test cell is shown in Fig. 5.1-1. A block diagram
is given in Fig. 5.1-2. A diagram showing the pinouts on the IC is given in Fig. 5.1-3.
Following is a description of each pin.

Pin 1: Bulk Connection to n+ Substrate

Pin 2-9: DO-D7 Data Lines

Pin 11-16: AO-A5 Address Lines

Pin 18: CS Chip Select

Pin 20:Clk Clock

Pin 32: VDD Positive Supply
Pin 34: Vr+!  Upper Reference Voltage

Pin 36: V,! Lower Reference Voltage

Pin 38: Vbi,. DC Input Voltage used to Bias the Currents in the Cascoded
Input Stages of the OTA's
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Pin 40: Resp Test output; response line of analog bus

Pin 42: Exc Test input; excitation line of analog bus

Pin 58: Gnd Common node

Pin 60: Output Analog signal output

Pin 62: Input Analog signal input

Pin 64: Vss Negative supply

Test Plan:

Testing may be classified as functional testing or performance testing. Functional
testing of the DCASP-1 chip includes verification of the following:

1) configurability of the individual biquads as HP, BP, LP, AP, LPN, or HPN filters;

2) tunability of pole and zero frequencies and bandwidths via adjustment of the capaci-
tance of the capacitor arrays and the gm of the OTAs;

3) configurability of 4 th or 6 th order structure by cascading individual biquads.

Performance testing of the DCASP-1 chip includes determination of the following:

1) frequency and bandwidth adjustment range;

2) frequency and bandwidth resolution;

3) dynamic range;

4) distortion;

5) noise level;

6) nonidealitites of model;

7) power dissipation.

The DCASP-1 chip is tested in the digital CSP controller board (see Sec. 2.4).

Experimental Results:

Fig. 5.1-4 shows the frequency response of one biquad of DCASP-1 in the HP, BP,
LP, and LPN configurations for the same settings of the gmn's and C's of the biquad. These 0
curves verify that the biquad can be configured as a HP, BP, LP, or LPN filter.
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That the pole frequency can be adjusted using the capacitor arrays is verified by Fig.
5.1-5. This figure shows four of the responses generated by varying C6 and C7 over their
entire range, while keeping C6 = C7. It was also verified experimentally that the pole
frequency can be adjusted by the fine adjustment of g,. The coarse gm adjustment was
found to be inoperable; this led to the discovery of a design error in the output mirror of
the OTA.

That the pole bandwidth can be adjusted using the capacitor array and the fine gm
adjustment was also verified experimentally. The coarse bandwidth adjustment via the
coarse gn adjustment could not be verified; again, this was due to the design error in the
output mirror of the OTA.

It was also verified that a 4 th or 6 th order structure can be obtained by cascading
the individual biquads. Fig. 5.1-6 shows frequency response curves for the three biquads
individually (#1, #2, #3), for biquads #1, and #2 in cascade (4 th), and for biquads #1,
#2, and #3 in cascade (6 th).

The performance testing of DCASP-1 was hampered by the lack of the coarse g,
adjustment noted above. Still, several of these tests were performed; results are given in
Table 5.1-1 for a single biquad.

The range of pole frequencies obtained by C6 = C7 adjustment is seen from Fig.
5.1-5 to be from 300 kHz to 1.2 MHz. The range of pole bandwidths is the same. It is
anticipated that these ranges will be extended after modifications to the OTA are made
to allow a coarse gm adjustment.

The resolutions in the pole frequency and in the pole bandwidth were not determined.

Extensive testing beyond that reported here was not done because of the design error
which inhibited the coarse gm adjustment. More extensive measurements have been made
on the second-generation DCASP structure in which the design errors have been corrected.
The latter structure is discussed in Sec. 5.10 of this report.

5
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Table 5.1-1: Summary of measured filter performance for the biquad of DCASP-1.

Lowpass' Bandpass2

Passband Noise Density (iV/vr-z) 270 250
3 dB Bandwidth (kHz) 760 580
Total Inband Noise (mVrm.) 0.20 0.20
1% Distortion Level Vrm.) 1.0 1.2
Dynamic Range (dB) 73 76

1Lowpass configuration: BBP = BLP = BHp =0 
C6, C7, gml, gn2, 9.3 set at maximum values
g,5 set at minimum non-zero values
g9.4 set at zero

2Bandpass configuration: BBp = BLP = BHp = 0

C6, C7, gM2, g.3 set at maximum values
gM4, g..5 set at minimum non-zero values
gmI set at zero
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5.2 Performance Detector based upon S/H-I

Name: S/H-I
MOSIS ID: 22143
Fab. ID: M6BYCA-I
Technology: CBPE - MOSIS 3&m CMOS double-poly p-well process
Fabricated: December 1986 - January 1987
Chip Size: 7900;&m x 920014m (72.68mm 2)
Active Area: 5135Mm x 500Mm (2.57mm 2)
Number of Pads: 32
Packaging: 64 pin package
Status: Tested.

Purpose:

This Performance Detector, as orignially discussed in the '86 Technical Report [32]
for this project, was intended to be the heart of the i"t generation S/H based performance
measurement system and provide an interim solution at low frequencies (< 200kHz),
until the 2 2d generation high-frequency S/H design could be developed. This particular
Performance Detector has several purposes:

(1) Provide DCASP-1 with an on-chip performance detector.

(2) Provide for the characterization of the analog portion of the S/H-1 design and
determine its inherent limitations.

* (3) Verify the operation of the complex digital logic that "optimally" interfaces to a
single multiplexed A/D.

This test vehicle will be briefly described in the following section, along with its
associated test results. Because of a design error in the digital control logic, the analog
portion of the Performance Detector was left in-operative. The S/H-1 architecture was
superceeded by that of SIH-2 so the circuit was not re-fabricated after the digital control
logic error was detected.

Description:

0 This test structure contains two arrays of five S/H-i cells, capable of sampling the
excitation and response signals simultaneously, at five different instants. Each of these
samples can then be convertered to a digital signal via a multiplexed external A/D. Also
included in this subsystem was the interface and multiplexer logic necessary to interface the
S/H array to the shared A/D. This complete system was developed and included as part
of the DCASP-I chip, with pin-outs shown in Fig. 5.2-1 and die photograph in Fig. 5.2-2

A block diagram of the performance detector exclusive of the A/D converter is shown
in Fig. 5.2-3. This is comprised of a sample and hold array, sampling control logic and A/D
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conversion control logic. The performance detector shown here was designed to interface
to a single microprocessor controlled A/D converter.

0
Once the performance detector is reset by logically togglin- the Reset line via physically

addressing the location 0216 on the DCASP address bus (Ao through As); five consecutive
samples of both Eze and Reap signals can be simultanoeusly taken on the falling edge of
sampie. These analog voltage samples are stored on holding capacitors, C., - C., and
C, - Cr6 . Following sampling, these samples are sequentially buffered and supplied via
the AID signal to a single external multiplexed A/D converter, where it is converted to a
digital word.

To better understand the operation of this array, a single analog S/H cell is shown in
Fig. 5.2-4. Shown here is a "sampling" analog switch, constructed from the floating-well
complimentary switch architecture and a "conversion" analog switch, constructed from a
regular complimentary switch. Both of these analog switches are described in detail in
section 2.2.2.3a.

The sampling control logic consists of a dynamic shift register that is used to auto-
matically index each sequential sample by physically controlling the opening and closing
of the analog switches associated with the S/H-i array.

The conversion control logic is much more complex and can be broken down into the
following parts:

(1) Analog Control Logic - When a analog sample and held voltage is ready for con-
version, this logic throws the appropriate analog switch (S , - o) to buffer this
analog signal to the external A/D. Prior to patching this analog signal through to
the unity gain buffer, any excess charge on the input of the buffer is discharged
when the analog control logic pulses the Discharge signal, thus eliminating any
reminiscence of previous samples.

(2) Sampled Queue Manager Logic - This logic monitors which of the 5 "samples"
have been taken by the "sampling control logic" and which of these 10 voltage
samples have been converted to digital words. From this information it can be
decided if a voltage sample is ready for conversion and which voltage sample is
next. This optimizes the interaction between the sampling mechanism and the
conversion process, by qi'eueing up each consecutive sample to be converted at
a later time when the A/D is available. Thus this easily facilitates both high-
speed and low-speed sampling rates, where high-speed/low-speed sampling rates
are defined as sampling the excitation and response signals much faster/slower
than the conversion speed of the A/D. In the event this logic does not perform
as expected the signal override bypasses this logic and substitutes the externally
provided signal NestEst for the dynamic shift register control line. This allows
for the samples to be manually one-by-one gated to the outside world.

(3) A/D Interface Logic - This logic monitors the internal control lines supplied by
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the Sampled Queue Manager, and the external signals Readv and Eoc (end-of-
conversion), and decides when to trigger the conversion process by pulsing the
BoC (beginning-of-conversion) signal with a 250nsec. pulse. The soc signal is
supplied by the A/D, indicating when the A/D has completed the conversion of
the last sample. The Ready signal is supplied by the microprocessor, indicating
when it is has stored the previous digital word and is now ready and waiting.

The remainder of the pins contained in Fig. 5.2-1 not yet discussed here, are used by 0
the DCASP-1 CSP and discussed in detail in Section 5.1.

Experimental Results:

Due to a design error in the sampling control logic, there was not sufficient dead time 0
between the "sampling" (the transition from track-mode to hold-mode) of the ith S/H
cell and the ith + is' S/H cell switching into track-mode. This overlap or race condition
resulted in a large variation in each sequential sample of the analog array of S/H's. This
variation can be attributed to charge sharing between the adjacent S/H cells right at the
instance the input signal is sampled.

The conversion control logic seems to be operational based upon observations, though
it is difficult to be conclusive with the aforemented sampling problems presisting.

The A/D interface logic was functional, but the pulse width of the one-shots used in
the timing of this logic was 50% smaller than designed. This can be attributed to process
variation, though it is recommended that the iptegrating capacitors of this structure be
decreased and the channel length of the "slow" inverter be increased to compensate for
the change in capacitor size. This should drastically reduce the overall size of all of the
one-shots.

Lastly, it is recommended that in future generations of the S/H based Performance
Detectors, redirected the complex digital interface logic used here should be removed with
sampling and conversion control to the external test circuitry. This will allow the analog
portion of these designs to be more exactly characterized by obtaining direct control of
the analog switch control lines.
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5.3 OTA with 2 selectable output stages

Name: OTA 2-Bit-i
MOSIS ID: 22119
Fab. ID: M6BYAA-4
Technology: CBPE--MOSIS 3 ,u CMOS double-poly p-well process
Fabricated: December 1986-January 1987
Chip Size: 23004 x 34004 (7.82mm 2)
Active Area: 216/4 x 784,u (.169mm 2)
Number of Pads: 9
Packaging: 28 pin package
Status: Tested

Purpose:

This test chip is used to characterize the 2--output stage OTA used in the controlled
transconductance amplifier (CTA) of DCASP-1. The gm va Vtsil curve for the OTA is
studied in order to determine the attainable gm range. Also, since in the CTA the control
voltage Vtail is the output of the DAC, the gm vs Vtai curve yields the voltage range over
which the DAC must operate in order to obtain the desired gm adjustment range.

Description

A circuit schematic is given in Fig 5.3-1 and the device sizes are listed in Table 5.3-1.
* A diagram showing the pinouts on the IC is given in Fig 5.3-2. Following is a description

of each pin.

Pin 1: Bulk Connection to the n+ substrate of the thip.

Pin 8: Vb DC input voltage used to bias the currents in the cascoded input
stages of the OTA.

Pin 9: Iout OTA output current.

Pin 10: B0  The digital control for the smaller of the two OTA output
stages. The stage is enabled for BO = 1.

Pin 11: B1  The digital control for the larger of the two OTA output stages.
The stage is enabled for BI = 1.

Pin 12: VDD The positive supply for the OTA circuit.

Pin 13: Vin The positive input terminal of the OTA.

Pin 14: VsS The negative supply for the OTA circuit.
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Pin 15: Vi, The negative input terminal of the OTA.

Pin 16: Vt.,i The control voltage used to adjust the g, , of the OTA by ad-
justing the tail current in the cascoded structures of the OTA
input stage.

Test Plan

The circuit shown in Fig 5.3-3 is used to test this OTA. The experimental value of
g,,, is computed from the equation

Iou"t Vo t
Vin= RoutVn "

This is repeated for several values of the control voltage . From the resulting
data, a plot of gm versus Vt'a may be constructed.

0
Experimental Results

An experimental plot of gn versus Vt~il was obtained for the case of B1 Bo = 10; i.e.,
for the case where only the larger of the two output stages in enabled. This curve is shown
in Fig 5.3-4. Segments of the curve may be approximated by straight lines; in particular,
for -3.8 < Vtail < -3.4, the curve may be approximated as

9M= 61.8Vtau + 257.9

where Vta,i is in volts and gn is in uS. SPICE analysis of the OTA yields the relation

gm = 40.5Vtil + 174.25

Discrepancies between this and the experimentally determined relationship are somewhat
larger than would be anticipated from typical process variations. These differences should, -

however, not have a major affect in what is to follow.

Attempts to measure the gm of the OTA for the case where only the smaller output
stage is enabled led to the discovery of a circuit design error. Upon this discovery, full
testing of the circuit was discontinued. 0

The error is in the method of disabling the output stages of the OTA. The OTA con-
tains two differently-sized current mirror output stages which provide a coarse adjustment
of gin. The larger gain factor is provided by the stage consisting of M26, M27, M32 and
M33 in Fig. 5.3-1. This stage is disabled by turning off the transmission gate formed by 0
M38 and M39. With the transmission gate off, the current 102 does not contribute to the
overall output current Jo. However, with the load removed in this way, the gain of the
stage is greatly increased.
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Table 5.3-1: Devicf. sizing for OTA structure of Figure 5.3-1.

SIZE
Device (microns)

_____ ____ W L[

M1-M2 8 5
M3-M4 16 5
M5-M6 8 5
M7 7 5
M8, M12 40 3
M9-M11, M13-M1S 80 3
M16-M17 60 3
M18-M21 120 3
M22-M23 60 3
M24-M25 120 3
M26-M27, M32-M33 60 3
M28-M29, M34-M35 6 3
M30-M31 60 3
M36, M38 15 3
M37, M39 32 3
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The result is that, for all but very small amplitude input signals, the gate voltages
of M26 and M32, and hence of M28 and M34, become too close to the supply voltages
VDD and Vss, respectively. Thus, for the case where only the smaller stage (consisting
of M28, M29, M34, and M35) is enabled, the output is distorted, and the coarse g.
adjustment is essentially useless.

A new circuit was subsequently designed which does allow a coarse gm adjustment
without the problems outlined above. This circuit is discussed in Sec. 5.11.

0

0

0
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5.4 Analog switch test cell

Name: Analog Test
MOSIS ID: 22119
Fab. ID: M6BYAA-4
Technology: CBPE - MOSIS 3Mm CMOS double-poly p-well process
Fabricated: December 1986 - January 1987
Chip Size: 2300Mm x 34 00Mm (7.82mm 2)
Number of Pads: 20
Packaging: 28 pin package
Status: Tested

Purpose:

This test chip was designed to verify the proper operation of the three different type of
analog switches used in DCASP-1 (MOSIS ID: 22143), and provides a means of extracting

0 the specific process parameters for this processing run (M6BY), via a series of test. devices.
If DC ASP-i performs. expected, then this test structure will only be used as a functional
test vehicle.

Description"

This test chip as shown in Fig. 5.4-1 contains three different analog switches, (i.e.,
a regular SPST, a large SPST and regular SPDT switch), 3 different sizes of p-channel
MOSFET's and 3 different sizes of n-channel MOSFET's. The pins on the p-channel, n-
rhannel and analog switch tests cells, shown in Fig. 5.4-2 have been multiplexed to reduce
the number of pads required, without sacrificing the ability to test each device separately.
The sizes of the MOSFET test devices were chosen to characterize both short-channel
effects and matching from device to device.

A detailed circuit schematic for each of the analog switches are shown in Fig. 5.4-
3, with devices sizes contained in Table 5.4-1. The SPDT analog switches are used to
configure the Biquad via the Bip, Bbp and Bhp bits stored in the Biquad control latch,
shown in Fig. 1025-3 (e.g., the bottom-plate of each of the Programmable Capacitor Arrays
is conmected to the Biquad input signal or to ground, via one of these SPDT switches). The
large SPST switches (BigsPsT) are used in connection with each of the three remaining

0 bits of the Biquad control latch, and are used to control where the input and output of
each Biquad come from and goes to. The remaining aalog switches are the regular SPST
switch (spsT).

Test Plan:
0

Functional Te.:

Each of the analog switches will be configured as follows:
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Fig. 5.4-1. Pin-outs for Analog test cell.
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Table 5.4-1. Device sizes for Analog test cell.

Size
Device W i L

MIM 4  
5 j&m 5m

M 2,M 3,Ms,Me 40Am 40pm

M 7 , M 12, M 14  321m 3pum

M8 ,MI 1 ,M1 3  15m 3pm
M9 901&m 3Am

M10  40pm 3pm
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(1) connect the common source node of the analog switches to a low-frequency sinu-
soidal excitation; and

(2) monitor each of the drains and source nodes on an oecilloscope.

Thus by switching each of the analog switches "on" and "off" via the common control
signal, the sinusoidal input should appear and disappear on each of the drains. Once it has
been confirmed that each of the devices are controlled properly, the input signal amplitude
should be increased until the outputs (drains) begin to noticably distort because of dynamic
range restrictions.

Experimental Results:

A functional test was performed on each of the analog switches, as detailed in the test
plan. The results of this test are listed below.

(1) With a low frequency sinusoidal signal on the source input node of each of the analog
switches, the drain output node was isolated when the devices was turned "off" and
tracked the input signal when turned "on".

(2) No noticable distortion was observed when the hiput sinusoidal was increased to ±2V
signal levels.

This implies that the analog switches are indeed functional at low frequencies with •
typical signal swings.
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5.5 6-Bit Linear DAC With Decode Logic

MOSIS ID: 22119
Fab. ID: M6BYAA-4
Technology: CBPE-MOSIS 3A CMOS Double-Poly p-Well
Fabricated: December 1986-January 1987
Chip Size: 230011 x 340011
Active Area: 850A x 16001
Number of Pads: 17
Packaging: 28 Pin Package
Status: Tested

Purpose:

This test chip is used to characterize the monotonicity as well as the linearity of the
Digital-to-Analog Converter (DAC) which has been used in DCASP-1 to provide the OTA
control voltages.

0
Description:

Therc are two linear DAC circuits fabricated in this test chip, Large DAC and Small
DAC. These are shown on the die photograph of Fig. 5.5-1. Each circuit has a resistive

* string with taps and pass transistors at uniformly spaced intervals. The pass transistor,
once selected, will pass its tapped voltage to the control voltage line. The two ends of
the resistor string are driven by two voltages, Vrl- and Vref + . The first DAC circuit,
also termed "large DAC", has three standard 2- to 4-bit decoders to pre-decode the input
data. A 3-line decoder is then required at each tap to complete the data decoding. In

* Figs. 5.5-2 and 5.5-3, the block diagram and circuit schematic are shown respectively.
The "Small DAC", as its name implies, saves considerable space by using the switching
transistor tree instead of decoders (refer to Sec. 5.9 for details).

* Test Plans:

The pin designations of the DAC test chip appear in Fig. 5.5-4. The biasing voltages
and triggering signals are connected as follow:

0 VDD = Bulk = +5V (5.5- 1)

Vss = P - Well = -V (5.5-2)
Aj = +5V (enabling) (5.5 - 3)

CLK = ±SV, 1O00Hz (5.5-4)
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Vrej+ Vry 2+ = OV (5.5 -5)

Vef._ = Vref. = -5V (5.5 - 6)

Sixty-four DC voltages have been measured from each of Votl and V 0ut2 pins by chang-
ing the 6-bit data word (DO-D5) to all possible combinations. The instrument used for
DC measurements is the HP 3456A digital voltmeter which has been extensively used
throughout this experiment.

Experimental Results:

The small DAC fabricated in this test chip is found not functional since the p-well

was not connected during fabrication. The 64 DC voltages measured on the Vo.t 2 pin
are listed in Table 5.5-1. The DAC is used for determining the OTA control voltages in
biquad. Although the linearity is less important than monotonicity, it has been found, in
Fig. 5.5-5, that the DAC circuit behaves rather linear characteristically. This 6-bit DAC
seems to be capable of having finer resolution since the maximum LSB error is as low as
10.8% (Refer to Section 5.9 for the definitikn of LSB error and RN
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Table 5.5-1 The DC Output Voltages and the Linearity Characteristics with Different
Digital Settings.

Digital LSB Error R

* Setting Output (%) () l

0 -4.962500 0.000000 0.749998 -

1 -4.885800 1.948212 1.534004 2.035344
2 -4.808700 3.385597 1.541996 1.005210
3 -4.731500 4.694971 1.54399.. 1.001299
4 -4.654000 5.620310 1.550007 1.003891
5 -4.576700 6.802282 1.545992 0.997410
6 -4.499000 7.472208 1.554003 1.005182
7 -4.421400 8.270146 1.552000 0.998711
8 -4.343500 8.684659 1.557999 1.003865
9 -4.265900 9.482596 1.552000 0.996150
10 -4.187900 9.769098 1.560001 1.005155
11 -4.110000 10.183612 1.557999 0.998716
12 -4.032100 10.598125 1.557999 1.000000
13 -3.952700 9.094601 1.588006 1.019260
14 -3.874300 8.869971 1.567998 0.987400
15 -3.796600 9.540202 1.553998 0.991071
16 -3.718500 9.698692 1.562004 1.005152
17 -3.640900 10.496630 1.552000 0.993595
18 -3.562800 10.655425 1.561999 1.006443
19 -3.484600 10.686514 1.563997 1.001279
20 -3.406400 10.717298 1.564002 1.000003
21 -3.328200 10.748385 1.563997 0.999997
22 -3.249600 10.267734 1.572003 1.005119
23 -3.171800 10.809953 1.556001 0.989820
24 -3.903300 10.457617 1.569996 1.008994
25 -3.015100 10.48840 1.564002 0.996182
26 -2.933600 6.300599 1.630001 1.042199
27 -2.858300 10.038836 1.506000 0.923926
28 -2.778500 8.024486 1.595998 1.059760
29 -2.699900 7.543834 1.572003 0.984966
30 -2.621600 7.446911 1.566000 0.996181

* 31 -2.543900 8.117142 1.553998 0.992336
32 -2.465500 7.892512 1.567998 1.009009
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Page 2

Table 5.5-L: The DC Output Voltages %nd the Linearity Characteristics with Different
Digital Settings

Digital LSB Error -RL -R tot aj

Setting Output () (%)

33 -2.387500 8.179014 1.560001 0.994900
34 -2.309100 7.954080 1.568003 1.005129 S
35 -2.231000 8.112875 1.561999 0.996171
36 -2.152500 7.760234 1.570001 1.005123
37 -2.074200 7.663311 1.566000 0.997452
38 -1.996000 7.694399 1.563997 0.998721
39 -1.918000 7.980901 1.560001 0.997445 •
40 -1.839700 7.883978 1.566000 1.003845
41 -1.761800 8.298491 1.557999 0.994891
42 -1.683600 8.329275 1.564002 1.003853
43 -1.604200 6.826208 1.587999 1.015343
44 -1.525100 5.706565 1.582000 0.996223
45 -1.446800 5.609643 1.566000 0.989886
46 -1.368500 5.512720 1.566000 1.000000
47 -1.290600 5.927080 1.558001 0.994892
48 -1.212000 5.446733 1.571999 1.008984
49 -1.134000 5.733234 1.560001 0.992368
50 -1.055870 5.853778 1.562598 1.001664
51 -0.977280 5.386003 1.571801 1.005890
52 -0.898350 4.483599 1.578600 1.004326
53 -0.820000 4.322670 1.567000 0.992652
54 -0.741480 3.944427 1.570400 1.002170
55 -0.663380 4.103147 1.561999 0.994651
56 -0.584590 3.379730 1.575800 1.008835
57 -0.506330 3.333859 1.565200 0.993273
58 -0.427140 2.099082 1.583800 1.011884
59 -0.348160 1.132787 1.579600 0.997348
60 -0.269640 0.754543 1.570400 0.994176
61 -0.191270 0.568051 1.567400 0.998090
62 -0.112790 0.240964 1.569600 1.001403
63 -0.034380 0.003348 1.568200 0.999108

0.006876
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Fig. 5.5-5. DAC Performance Analysis of the Large DAC used in DCASP-1
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5.6 Programmable Capacitor Array Test Cell

Name: Cap Array-i
MOSIS ID: 22123
FAB. ID: M6BYAA-2
Technology: CBPE--MOSIS 3,u CMOS Double-Poly p-Well Process

0 Fabricated: December 1986 - January 1987
Chip Size: 2 30 0 0 x 3400A
Active Area: 1 40 0 A x 2000,u(2.8mm 2)
Number of Pads: 14
Packaging: 28 Pin Package

* Status: Tested

Purpose:

0 This test device is used to confirm the functionality of the programmable capacitor
array and associated digital logic circuitry of DCASP-1. The actual capacitance values
are also measured. This test device is also used to confirm the functionality of the analog
switches and the buffer of the biquad of DCASP-1.

• Description:

A block diagram of the test cell is given in Fig. 5.8-1. A block diagram of the capacitor
array given in Sec. 2.1.4 is repeated as Fig. 5.6-2. The die photograph of the test cell is

* given in Fig. 5.6-3.

A diagram showing the pinouts on the IC is given in Fig. 5.6-4. Following is a
description of each pin.

0 Pin 1: Bulk Connection to the n+ substrate of the chip.

Pin 2: CLK Clock input to digital latches.

Pins 3-8: PX, P5
• P4, P3, P2, P0 Predecode address lines of system bus.

Pins 9-14: D5 - DO Data lines of system bus.

Pin 15: VDD Positive supply.

Pin 16: C751  Connection to bottom plate of C7 capacitor array via switch
BHP
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* Fig. 5.6-2: Programmable capacitor array block diagram.
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Fig. 5.8-4: Pinouts for programmable capacitor array test cell.
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Pin 17: C7top Connection to top plate of C7 capacitor array.

Pin 18: C6S, Connection to bottom plate of C6 capacitor array via switch
BBp

Pin 19: Gnd Common node.

Pin 20: C6top Connection to top plate of C6 capacitor array. •

Pin 21: Buffln Input to CMOS analog buffer.

Pin 22: Vbi,. DC bias voltage for CMOS analog buffer.

Pin 23: Resp Output of CMOS analog buffer via switch BREsP.

Pin 24: Cascade Output of CMOS analog buffer via switch BCASC.

Pin 25: Exc Connection to switch BEXC simulating connection from exci-
tation line of analog bus of DCASP.

Pin 26: Input Connection to switches BExc and BLP simulating connection
from input line of biquad.

Pin 27: VLp Connection to switches BLp and BLP.

Pin 28: Vss Negative supply.

Table 5.6-1 gives the predecode address line settings necessary to address the capacitor
arrays and the 6-bit latch. The capacitor sizes are set by loading the data lines DO - D5
with the desired code 00 thru 1316 (see Tables 5.6-2, 3). For the 6-bit latch, the data lines
correspond to the analog switch controls as follows:

DO - BExc
D1 - BRESP

D2- BCASC

D3 - BLP
D4 - BBP
D5 - BHp

Test Plan:

The Hewlett Packard LF Impedance Analyzer, Model 4192A (see Appendix C for
specifications) is used. The capacitance for C6 is measured twice; once with each of the
two associated analog switches (controlled by Bbp and WA) closed.

For the case where BEP = 1, the capacitance of C7 is measured between the top plate
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of the capacitor and the input line V.. This yields the approximate capacitance of the
array; the measured value is listed as C6top-bottom in Table 5.6-2 of the following section.

For the case where BBp = 1, the capacitance is measured between the top plate
of the capacitor and the common node of the circuit. In addition to the capacitance
of the array, this measurement includes parasitic diffusion capacitances of the 19 analog
switches enabling the array, the BBP and BBp switches, and the parasitic capacitance of
the bonding pad. This measured value is listed as C6top-groui.t in Table 5.6-2.

The capacitance of C7 is measured for the case where BP = 1; the measured values
are listed as C7top-round in Table 5.6-2.

Experimental Results:

The measured capacitan.es are listed in Table 5.6-2. The functionality of the capacitor
array is verified by the fact that the incremental changes in capacitance (AC6top-bottom)

increase monotonically as the digital state goes from N = 0 to N = 19.

Table 5.6-3 lists the capacitance values calculated from the actual capacitor dimen-
sions data supplied by the IC manufacturer. These calculated values compare favorably

* with the measured values listed in the C 6 top-bottom column of Table 5.6-2; the greatest
absolute difference is 0.396 pF for the case N = 19.

The A% column of Table 5.6-2 shows that in all cases the incremental change in
capacitance is slightly less than the design goal of 13% (see Section 2.1.4). The incremen-

• tal changes obtained are satisfactory; the resulting overlap in the coarse frequency and
bandwidth adjustment ranges will simply be slightly more than was intended. Also note
that the range of capacitor values (2.441pF - 21.26pF) is slightly less than the design goal
(2.34pF - 24.37pF). Such deviations are to be expected due to the IC process variations.
The capacitor values (2.068pF-10.864pF) listed in Table 5.6-3 were obtained by calcula-

• tion using the measured capacitance/area ratio (.391fF/pm 2) given by MOSIS for this
particular IC fabrication run.

The C6top-gd column of Table 5.6-2 reveals that this measured capacitance differs
significantly from the C6top-bottom" values. The measured differences range from 2.6OpF to

* 2.97pF. This indicates that the parasitic capacitances from the top plate of the capacitor
array to the common node of the circuit are significant. These parasitics are due to the
diffusions at the analog switches of the capacitor array. See Section 2.1.4 for a further
explanation of these parasitics.
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Predecode Address Lines 0

Element CLK PX P5 P4 P3 P2 I Po

C6 1 1 0 0 1 0 0

C7 1 1 0 1 0 0

6-bit Latch 1 1 0 1 0 0 1

Table 5.6-1: Addressing of capacitor arrays and 6-bit latch of programmable capacitor
array test cell.

5."-



Digital Input C6p-bot ACG6' 0obot A%2 C6 top-gnd C7to- 9 d
N (hex) (pF) (pF) (pF) (pF)

0 00 2.441 - - 5.072 3.155
1 01 2.706 .265 10.9 5.335 3.403
2 02 3.012 .306 11.3 5.982 4.056

3 03 3.360 .348 11.6 - -

4 04 3.750 .390 11.6 - -

5 05 4.182 .432 11.5 - -

6 06 4.676 .494 11.8 - -

7 07 5.234 .558 11.9 7.849 5.920
8 08 5.852 .618 11.8 - -

5 9 09 6.558 .706 12.1 - -

10 OA 7.345 .787 12.0 - -

11 OB 8.235 .890 12.1 - -

12 OC 9.251 1.016 12.3 - -

13 OD 10.396 1.145 12.4 - -

14 OE 11.709 1.013 12.6 - -

15 OF 13.188 1.479 12.6 15.810 13.810
16 10 14.855 1.667 12.6 - 15.360
17 11 16.745 1.890 12.7 - 17.255
18 12 18.865 2.120 12.7 - -

19 13 21.26 2.395 12.7 23.86 21.77

* Table 5.6-2: Measured capacitances of programmable capacitor arrays C6 and C7.

0

0 1AC6topbotN = C6top-botv - C 6 top-botNl

2A% = ACetop-&*to

0
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0

Capacitor Capacitor Calculated
Dimensions Area Capacitance

N Hex (4m x sm) (Am) (pF) 0

0 00 115 x 46 5.290 2.068
1 01 13 x 53 5.979 2.338
2 02 15 x 53 6.774 2.649 •
3 03 17 x 53 7.675 3.001
4 04 19 x 53 8.682 3.395
5 05 21 x 53 9.795 3.820
6 06 24 x 53 11.067 4.327
7 07 27 x 53 12.498 4.887 •
8 08 30 x 53 14.088 5.508
9 09 34 x 53 15.890 6.213
10 OA 38 x 53 17.904 7.001
11 OB 43 x 53 20.183 7.892
12 OC 49 x 53 22.780 8.907 •
13 OD 55 x 53 25.695 10.047
14 OE 63 x 53 29.034 11.352
15 OF 71 x 53 32.797 12.824
16 10 80 x 53 37.037 14.482
17 11 91 x 53 41.860 16.367
18 12 102 x 53 47.266 18.481
19 13 115 x 53 53.361 20.864

Table 5.6-3: Calculated capacitance of programmable capacitor array.

Capacitance/area = .391fF/ttmn.
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Note that some of the parasitics included in the measurements of C6top-,d will not
appear in the actual DCASP operation. For example, in the actual DCASP circuit, the
top plate of the capacitor array is not connected to a bonding pad; thus, in the actual
DCASP circuit, there is no parasitic capacitance between a bonding pad and the common
node. The protoboard and probes used in the test circuit also contribute a small parasitic
capacitance.

The capacitance for several of the C7 array states was also measured for the case
where BH = 1; the measured values are listed in the C7top-gnd column of Table 5.6-2.
These values are approximately 2pF less than the corresponding C6top-gnd values. This
difference may be attributed to the proximity of the respective pinouts of the IC. The C6top
pin (pin 20) is adjacent to the ground pin (pin 19), and therefore the parasitic protoboard
capacitance between these two pins will be higher than that between the C7top pin (pin
17) and the ground pin.

In summary, the functionality of the capacitor array has been verified. The measured
va'ues of capacitance are approximately equal to the design values. The only possible
problem is that of parasitic capacitances which contribute to the total capacitance when
the bottom plate of the capacitor array is connected to ground.
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5.7 DCASP-1 digital support logic test cell

Name: Digital Test
MOSIS ID: 22118
Fab. ID: M6BYAB-1
Technology: CBPE - MOSIS 31im CMOS double-poly p-well process
Fabricated: December 1986 - January 1987
Chip Size: 2300pm x 3400pm (7.82mm 2)
Number of Pads: 25
Packaging: 28 pin package
Status: Tested.

Purpose:

This test chip was designed to verify the digital logic used to control DCASP-1 (MO-
SIS ID: 22143). This chip contains most of the digital support logic that interfaces DCASP-

* 1 with the external digital controller and stores the digital control words used to configure
the filters in DCASP-1. This test vehicle will only be used to characterize each of the in-
dividual digital blocks, verify their functionality, and verify input trip-points and output
signal levels. Speed of operation is not a consideration with this test structure.

* Description:

This test chip with pin-outs shown in Fig. 5.7-1, contains the following digital support
logic:

* (1) Address Predecode Logic (APdeccie) - This logic block, as shown in Fig. 5.7-2, takes 3
pair of externally provided address lines, and converts them (a) from the external TTL
logic levels to the internal ±5V logic levels; and (b) generates 3 quadruple predecode
addresses for a total of 12 lines and commonly referred to as the predecode address bus.
This bus is then supplied to each of the internal latches (ADLlatch). This functional

* block is described in Section 2.5. Contained here is just one such sub-block, with 2
input address lines (A, and A1) and four predecode addresses (P,, Pb, P. and P'). This
cell also requires the chip belect line (cs) to be enabled, before the predecode address
bus will be enabled, as shown in Table. 5.7-1.

* Also included on this test chip is the fundamental address predecode cell, a three input
AND gate APnand3i as shown in Fig. 5.7-3. The overall Address Predecoder contains twelve
of these gates - one for each output predecoded address. The input to this cell is provided
via the shared input pads, In,, In, and Ins, with a single output pin out. Each of these
input/output signals are at ±5V CMOS logic levels.

(2) TTL interface drivers (TTL/ /TTLout) - There are two functional logic blocks as

shown in Fig. 5.7-4a and 5.7-4b that convert between the external TTL digital logic
levels and the internal ±5V CMOS logic levels.
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Fig. 5.7-1. Digital support logic test chip pin-outs.
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Fig. 5.7-2. Address predecode (APdecode) block diagram.
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Table 5.7-1. Address predecode logic description..

Ic s A j P., PbIPIPd
1 0 0 1 0 0 0

1 0 1 0 1 0 0

1 1 0 0 0 1 0

11 0 0 0 1

0 x X 0 ± 0 0 0

0
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Fig. 5.7-3. Address predecode (APnondi) circuit schematics.
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(a) TTL input driver (TTLi,) - This gate takes a O-5V TTL input signal (V,/TTLin)

and converts it to the internal CMOS levels (V./TTLin).

(b) TTL output driver (TTLout) - This gate takes a ±SV CMOS input signal
V,/TTLout and converts it to a TTL O-5V logic levels, Vo/TTLout.

(3) Address Decode and Latch (ADLnand3i,ADLlatch) - This logic block decodes the ad-
dress as a function of three predecode address lines, and latches the data found on the
data bus in the latch. This test vehicle contains the address decode logic (ADLnand3i

with inputs In,, n2 and In3, and outputs Load and LoadBar, as shown in Fig. 5.7-5a.
Also contained on this chip is the latch (ADLlatch) as shown in Fig. 5.7-5b. This block
is controlled by the complementary latch control inputs Load and LoadBa,, normally
provided by the ADLnand3i gate; input data line In, and latched complimentary out-
put data lines out and OutB ar. Each of these input/output signals are at ±SV CMOS
logic levels.

(4) Standard 2-input AND gate (stdnand2i) - This logic gate as shown in Fig. 5.7-6 is
used in various portions of the DCASP-1 chip, typically as a predecode of the digital ,
control words. This cell has to inputs in, and In2 and a single output out. Each of
these input/output signals are at ±5V CMOS logic levels.

Test Plan:

Functional Test:

Each of the digital gates will be verified based upon the following criterion:

(1) Each of the gates agrees logically with the aforementioned descrip- -
tion, (i.e., logic truth-table, state a'agrams, etc.).

(2) The input signals' trip-points meet specifications.

(3) The output signals are at the expected signal levels.

If a particular support logic function does not perform as anticipated, then more
detailed testing should be done to trace done any discrepancies.

Experimental Results:

A functional test was performed on each of the digital blocks, and each of them
functioned as expected, and well within specifications. The following discuss the specific
results reported for each of the functional cells.

(1) Address Predecode Logic (APdecode)

(a) The predecode address lines (outputs) swings rail to rail (i5V), as expected.
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Fig. 5.7-6. Standard 2-input AND gate (atdnand2i) circuit schematic.



(b) Clock frequencies in excessive of 5 - 1OMHz are no problem.
(c) TTL inputs trips at a signal level of approximately +2V, as expected.
(d) Rise times are much faster than fall times. At high clock rates, the output of the

Address Predecode Logic and associated ADL decode logic must be stable before
the data is latched on the falling edge of the clock signal. This restricts the clock
frequencies to less than 50MHz or so.

(2) TTL interface drivers (TTLin/TTLout)

(a) The TTL input driver tripped at aprroximatelty 2.4V and and output was ±5V,
as anticipated.

(b) The TTL output driver tripped at -0.2V and outputs were between 0 and 5V.
(c) Both drivers could easily handle upto 5MHz.
(d) The TTL input driver (TTLin), had a rise time of 1 - 3rsec and a fall time of

10 - 15trsec. This difference can be accounted for by the large parasitic diffusion
capacitance associated with the output of the input inverter and the imbalance
in drive capability between the pull-up transistor and the pull-down transistor
of this stage. The experimental results shown here, agree with that predicted by
SPICE and logic simulations.

(3) Address Decode and Latch (ADLnand3i,ADLLatch)

At low-frequecies, the precharge nature of this design, shows the address trip
level at approximately -3.5 to -3.8V; but at 1MHz the trip level is upto -2V
and no longer a problem. Thus it is concluded that as long as the clock frequency
is not lowered by 3-4 order magnitudes below typical clock frequencies, there is
no problem.

(4) Standard 2-input AND gate (atdnand2i)

Functioned as expected.
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5.8 Modified OTA with 2 Selectable Output Stages

MOSIS ID: 22846
Fab. ID: M721AB-2
Technology: CBPE-MOSIS 311 CMOS double-poly p-well process
Fabricated: March-April 1987
Chip Size: 2300u x 3400(7.82mm 2)
Active Area: 191u x 7841A(.150mm2 )
Number of Pads: 9
Packaging: 28 pin package
Status: Tested

Purpose:

This test chip is used to verify that the design modifications to the OTA of DCASP-1
do indeed result in an OTA with a functional coarse gm adjustment capability. Recall from
Section 5.3 that for the OTA of DCASP-1, the disabling of the larger output gain stage
rendered the smaller output gain stage useless for practical input signal amplitude levels.

Description:

Fig. 5.8-1 shows the circuit schematic. Device sizing is presented in Table 5.8-1.
Of special interest is the method of biasing the two output stages. In the OTA circuit
of DCASP-1 (Fig. 5.3-1), problems arose because the current mirror output stages were
biased by connecting the drain and gate of M26 and of M32. As seen in Fig. 5.8-1, those
connections have been replaced by connections between the gate and drain of M24 and
between the gate and drain of M31. In this way, the gate voltages for the transistors in
the output stages are not affected by the current in these stages, as was the case in the
OTA of DCASP-1.

Another modification is that the pass transistors used to disable the output stages in
the OTA of DCASP-1 have been eliminated. In the modified circuit of Fig. 5.8-9, a stage
is disabled by shunting signal current to the positive and negative supplies via transistors
M36, M39 or M37, M38.

The layout of the test chip is shown in Fig. 5.8-2 (Note: The DAC and latch contained
on this test chip are descirbed in Sec. 5.). A diagram showing the pinouts on the IC is
given in Fig. 5.8-3. Following is a description of each pin:
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DEVICE SIZE
___________________(microns)

M1-M2 8 5
M3-M4 16 5
M5-M6 8 5
M7 7 5

*M8, M12 40 3
M9-M11, M13-M15 80 3
M16-M17 60 3
M18-M21 120 3
M22-M23 60 3

* M24-M25 120 3
M26-M27, M32-M33 60 3
M28-M24, M34-M35 6 3
M30-M31 60 3
M36-M38 20 3

* M37-M39 7 3

* Table 5.8-1: Device Sizing for OTA Structure of Figure 5.8-1.
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Fig. 5.8-2: Layout of modified 2-output stage of OTA test cell.
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*Fig. 5.8-3: Pinouts for modified 2-output stage OTA test cell.



Pin 1: Bulk Connection to the n+ substrate of the chip

Pin 14: I,,t OT' output current.
Pin 15: Bo Digital control for the smaller of the two OTA output stages.

The stage is enabled for Bo = 1.

Pin 16: B1  Digital contro for the larger of the two OTA output stages. The 0
stage is enabled for B, = 1.

Pin 18: Vss Negative supply for the OTA.

Pin 19: Vi+ Positive input terminal of the OTA.

Pin 20: Vi; Negative input terminal of the OTA.
Pin 21: Vtail DC input voltage used to adjust the gn of the OTA by adjusting

the tail current in the cascoded structures of the OTA input
stage.

Pin 22: Vbi., DC input voltage used to bias the currents in the cascoded
structure of the OTA input stage.

Pin 23: VDD Positive input terminal of the OTA.

Test Plan:

The circuit of Fig. 5.8-3 is used to determine whether output signal amplitudes greater
than 3Vp-p can be obtained without excessive distortion. This is done for both the case
where only the larger stage is enabled and the case where only the smaller stage is enabled 0
in order to ensure that the problem discussed in Section 5-3 does not exist in the modified
OTA.

This modified OTA is itself superceded by the 6-output stage OTA discussed in Section
5.11. For this reason, this modified 2-output stage OTA was not extensively tested. The 0
modified 2-output stage OTA is not found in either of the two DCASP implementations.

Experimental Results

It was verified experimentally that for the circuit of Fig. 5.3-4 output signal ampli-
tudes greater than 3Vvp- can be obtained with either of the two output stages enabled.
This verified that the problem with the original OTA of DCASP-1 had indeed been elim-
inated.

5.8-6



0!* D-:+5V

B 0

* ~~12 ~ 1

13 + I

SI
I! 1Hz 150

14 16 R=22k s

V 1 VCtaL

Vs =-5V

Fig. 5.8-4: Circuit used to test the modified 2--output stage OTA.
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5.9 6-Bit Linear DAC with Switching Tree

MOSIS ID: 22846
Fab. ID: M72QAB.-2
Technology: CBPE-MOSIS 3j& CMOS Double-Ply p-Well
Fabricated: March-April 1987
Chip Size: 230 0 A x 3400/(7.82mm 2)
Active Area: 200A x 115014
Number of Pads: 14
Packaging: 28 Pin Package
Status: Tested

Purpose:

This test chip (Small DAC) is used to characterize both the monotonicity and linearity
of the Digital-to-Analog Converter(DAC) circuit using a switching transistor tree. The
chip is the second fabrication of the "small linear DAC". The first small DAC, described
in Sec. 5.5, was not functional due to the fabrication error.

Description:

As shown in Fig. 5.9-1, two independent blocks have been fabricated in the Small
DAC, an OTA and a small DAC. In this section, however, only the small DAC circuits are
described and tested. The small DAC structure is based on a resistive polysilicon string
with taps and pass transistors at uniformly spaced intervals. The operation principles are
thus similar to the "Large DAC", except that the small DAC uses a pyramidal switching
array to decode the data instead of using the standard decoders. (See Fig. 5.9-2 and
Fig. 5.9-3 for the block diagram and circuit schematic.)

Test Plans:

The pin designations of the small DAC are shown in Fig. DAC2-1. The biasing
voltages and triggering signals are connected as follows:

VDD = Bulk = +5V (5.9-1)

Vss = (p - well) = -5V (5.9 - 2)

Ai = +SV (Enabling) (5.9- 3)

CLK = ±5V, O000Hz (5.9 - 4)
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V'e,+, = OV (5.9-5)

Ve,/_ = -5v (5.9-6)

64 DC voltages have been measured from Vout pin by changing the 6-bit data word
(DO-D5) to all possible combinations. The instrument used for DC measurements is the
HP 3456A Digital Voltmeter which has been extensively used throughout this experiment.

Experimental Results:

The 64 DC voltages measured on the Vot pin are 3isted in Table 5.9-1. The LSB
error and B both characterize the linearity of the DAC and can be defined as follows:,,total

LSerrorfl Vo~ 1 631 - Vot[1x 100% nl = 0, , 6363•

(5.9-7)
and

and A - V0 udn - 1] x 100% - = 0, 1,..., 64 (5.9-8)
Rtotai Vrei+ - V0 -

where V ut'-11 = Vrf_ and Vout[641 = Vref+ and Ro and R 64 are the parasitic resistors
at two biasing end. Fig. 5.9-1 shows that the small DAC performs somewhat better
than the large DAC in Section 5.5 in the sense that the maximum LSB error is as low
as 6.3%. This fact also implies that the 6-bit small DAC may be improved with much
higher resolutions, However, at digital setting zero, a very significant offset voltage was
measured. This output voltage of zero setting is expected to be much closer to Ve,-.
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Table 5.9-1 The DC Output Voltages and the Linearity Characteristics with Different
Digital Settings

fRX RX

Digital Output LSB,,o N_1

0 -4.476500 0.000000 10.469999
1 -4.406100 0.175119 1.4080 0.13.48
2 -4.335600 0.066937 1.412001 1.002838
3 -4.265200 0.384722 1.405993 0.995745
4 -4.194600 0.276540 1.412001 1.004273
5 -4.124000 0.168358 1.412001 1.000000
6 -4.053600 0.343477 1.408005 0.997170
7 -3.983000 0.235634 1.411996 1.002835
8 -3.912600 0.411091 1.408000 0.997170
9 -3.842100 0.444560 1.410003 1.001422
10 -3.771900 0.903656 1.403999 0.995742
11 -3.701000 0.370185 1.417999 1.009971

* 12 -3.630300 0.120352 1.413999 0.997179
13 -3.559800 0.153821 1.410003 0.997174
14 -3.489200 0.045977 1.411996 1.001414
15 -3.418600 0.062205 1.412001 1.000003
16 -3.348200 0.113253 1.408000 0.997167

* 17 -3.277400 0.278568 1.416001 1.005683
18 -3.206900 0.245099 1.410003 0.995764
19 -3.136300 0.352943 1.411996 1.001414
20 -3.065700 0.461125 1.412001 1.000003
21 -2.995400 0.144017 1.406002 0.995752

* 22 -2.924500 0.677487 1.417999 1.008533
23 -2.854100 0.502031 1.408000 0.992948
24 -2.783500 0.610213 !.412001 1.002841
25 -2.712900 0.718395 1.412001 1.000000
26 -2.642500 0.542938 1.408000 0.997167

* 27 -2.571600 1.076409 1.417999 1.007102
28 -2.501200 0.900952 1.408000 0.992948
29 -2.430500 1.150784 1.413999 1.004260
30 -2.359900 1.258966 1.412001 0.998587
31 -2.289400 1.225159 1.409998 0.998582

4 32 -2.218700 1.475330 1.414003 1.002841
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Page 2

Digital Output LSB.I.o, R

33 -2.148100 1.583511 1.412001 0.998584
34 -2.077100 2.258634 1.419997 1.00563
35 -2.00600 2.225165 1.410003 0.992962
36 -1.936000 2.333009 1.411998 1.001415
37 -1.865100 2.866311 1.417999 1.004250
38 -1.794500 2.974324 1.412001 0.995770
39 -1.723700 3.365807 1.415999 1.002832
40 -1.653000 3.615639 1.414001 0.998589
41 -1.582600 3.440013 1.408000 0.995756 0
42 -1.511800 3.831496 1.415999 1.005681
43 -1.439600 6.208284 1.444001 1.019776
44 -1.369000 6.316297 1.412001 0.977839
45 -1.299300 5.148102 1.394000 0.987252
46 -1.228400 5.681405 1.417999 1.017216 0
47 -1.157900 5.647598 1.410000 0.994359
48 -1.087600 5.330152 1.406000 0.997163
49 -1.017000 5.438165 1.412001 1.004268
50 -0.946600 5.262538 1.407999 0.997166
51 -0.876300 4.945261 1.406001 0.998581
52 -0.805900 4.769720 1.408000 1.001422
53 -0.735600 4.452358 1.406000 0.998579
54 -0.665800 3.426068 1.396000 0.992888
55 -0.595500 3.108706 1.406000 1.007163
56 -0.525200 2.791345 1.406000 1.000000
57 -0.455000 2.332206 1.404000 0.998578
58 -0.384900 1.731290 1.402000 0.998576
59 -0.314500 1.555748 1.408000 1.004279
60 -0.243900 1.663782 1.412000 1.002841
61 -0.173900 0.921046 1.400000 0.991502
62 -0.103700 0.461886 1.404000 1.002857
63 -0.033500 0.002726 1.404000 1.000000
64 - - 0.0067
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Fig. 5.9-1: The die photo of the small linear DAC test chip.
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Fig. 5.4-2: Block diagram of the small DAC.
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Fig. 5.9-4: Small linear DAC pins assignment. 0
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DAC Performance Analysis of the Small DAC used in DCASP-2
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Digital Setting

Fig. 5.9--5: DAC performance analysis of the small linear DAC.
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5.10 DCASP-2 6 th Filter Block

Test Chip: DCASP-2 6th-Order General Purpose Filter Block
Technology: CBPE 3 u CMOS double-poly p-well process
Fabricated: July-August 1987
Chip Size: 7900/ x 9200j4
Active Area: 5700g x 7300,u
Number of Pads: 29
Packaging: 64-pin package
MOSIS ID: 23496

Purpose:

This test chip is the realization of a newer Controlled Signal Processor (CSP) in which
the modified OTA and Logarithmic DAC building blocks are used to obtain increased
adjustment range and improved resolution. Several experiments have been conducted to
evaluate the performance. These are summarized below.

1. Functional Testings of biquads for different configurations, including Low-Pass, High-

Pass, Band-Pass, and High-Pass Notch Filters, etc., and the cascaded configurations.

2. Validating the adjustability of capacitor arrays and OTA transconductances.

3. Finding the tuning range of fo1s, BW's and Q's for Bandpass configuration.

4. Measuring the tuning resolution of f0, BW, and Q for the Bandpass configuration.

Extensive tests on adjustment range, resolution, linearity and noise characteristics will be
• completed in the near future.

Description:

* The block diagram of the DCASP test-chip is shown in Figure 5.10-1. A die photo-
graph is shown in Fig. 5.10-2. As its predecessor DCASP-1, the chip contains 3 cascadable
biquads and a Performance Detector; the latter is discussed in another section of this re-
port. The three biquads can be cascaded so that up to 6 th order filters can be realized.
Each biquad consists of five Controllable Transconductance Amplifiers (CTA) as well as

* two switchable capacitor arrays. The capacitor arrays and transconductance amplifiers
can be digitally programmed. Each biquad can be programmed to realize various filter
functions including: HP, BP, LP, AP, LPN and HPN.

5.10-1



Daotoa-Lines Addr-Lines Chip-Set
86

D -47 AO-As Address
Level LevelA-A

Shiter ShIf ter Predecode
DO0 D7  P P1

8 -- Data-Bus 12,XAcddr--Bus

V ~Sys-us

ClockI

Inut0 -VwMi Vw VU VDNew -6 Output

-0V+ref

(2-bits)VbQ0

S 2 Exc
Resp

Fig. 5.10-1: Block diagram of DOASP-2
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Fig. 5.10-2: The die photograph of DCASP-2.
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Test Plans: 0

The DCASP-2 test chip has 29 pins which are dedicated to the CSP. Pin designations
are shown in Fig. 5.10-3. The DCASP-2 chip is tested in the digital CSP controller
board which is discussed in the Tuning Host Section (Sec. 2.4) of this report. The biasing
voltages used for these tests are as follows:

VDD = Bulk = +5V (5.10-1)

VSS = -5V (5.10-2)
v o, = -2.SV (5.10-3)
Vq+ = vf+ = -3.45V (5.10 4)

Vrq- = Vr- = -3.70V (5.10 - 5)

The major instrument used for testing the filter characteristics is the HP 3585A which
is a 20 Hz to 40MHz Spectrum Analyzer. This is used for both providing broadband input
excitations and measuring frequency responses.

On the DCASP controller board, the HD6801 microcomputer is programmed to per- •
form various tests. There are 4 DIP switches (with 16 total combinations) on the controller
board which are used to configure the DCASP-2 chip in various ways for pertaining dif-
ferent tests. A brief description of the initial set of 16 test programs is provided below. A
program listing appears in Table 5.10-1.

0
TEST 0 = Sets Biquad 1 up for testing on excitation and response busses with minimum

fo and BW values. The program sequence is as follows

Write zero's to every DCASP address
Turn on overall DCASP configuration
Turn on the first biquad

TEST 1 = Test basic functionality of Biquad 1. This test sequentially reconfigures 131-
QUAD 1 to realize nominal LP,BP, HP, and LPN filter functions. The input and output
of Biquad are connected to the excitation and response busses for testing.

TEST 2 = Test for adjustment functionality via capacitor array for Biquad 1. Biquad 1 is
connected in a BP configuration to the excitation and response busses. The capacitor
array is sequentially scanned to change the center frequency of the filter.

TEST 3 = Test functional matching of each biquad and cascade circuitry. Initially, the
three Biquads are configured in the bandpass configurations and sequentially connected
to the excitation and response bus. They are then connected in cascades of first two
and then three biquads.

W
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TEST 4 = Tests for adjusted functionality via g,, control for Biquad 1. Biquad 1 is
connected in a BP configuration to the excitation and response busses. The g.. value
is sequenced by making coarse g, adjustments to change the center frequency.
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Fig. 5.10-3: The Pin assignments of DCASP-2.0
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Table 5.10-1: Source listing of test programs

RESET SET $FFFEH RESET VECTOR
POM SET *FN*I PROGRAM LOCATION

*DCASP-2 Filters :16 TEST PROGRAMS HAVE BEEN INCLUDED
D ate 09/27/87 Time :21:45

* by Lawrence Loh

0OUTPORT SET GFFH OCR VALUE FOR OUT PORT
DDR1 SET WM OCR OF PORTI
PORT1 SET 62H4 DATA REQ. OF PORTI
DDR2 SET 41H OCR OF PORT2
POPT2 SET 0314 DATA REQ. OF PORT2
DOIR3 SET 04H4 DOROFPORT 3
PORT3 SET 0614 DATA REQ. OF PORT3
D 0R4 SET 05H4 OR OF PORT4
PORT4 SET 97H DATA REG. OF PORT4
CTR3 SET *FH CNTL AND STATUS REG. P3

TELL MACRO AADRAhCATA MACRO TO SEND DATA
LDAA J&ADR GET ADDRESS
STAA PORT4 SEND TO PORT4
NOP

*LDAA #&DATA GET DATA
STAA PORT3 SEND TO PORT3
NOP
MEND

ORG RESET
FO PGM INIT. RESET VECTOR

*DIRECT SET ADR. MODE TO DIRECT

ORG PGM PROGRAM
SEI SET INTRT. MASK
LDS IO6FFH DEFINE THE STACK
LDAA IOUTPORT LD CODE FOR OUT PORT
STAA D)R3 CONFIG. P3 AS OUT PORT
STAA DDR4 CONFIG. P4 AS OUT OORT

*LDMA #18H
STAA CTR3 CONFIG. P3 C&S REG.

TELL 81H.034
TELL 0214,061
TELL 1014.061
TELL 1214.IFH
TELL 1314.3F14

* TELL 1414,IFM
TELL 1514.3F14
TELL 1614.1F14
TELL 1714,3F14
TELL 1614.89H
TELL 19H.9*1
TELL 1AHl,0*1
TELL 1814,3FH

* TELL 1CH,134
TELL IEH.134
TELL 2614.661
TELL 2214.661
TELL 2314.061
TELL 2414,IFH
TELL 2514.3F4
TELL 2814.1F14

* TELL 2714.3F14
TELL 2814,0*1
TELL 2914.3F14
TELL 2A1,80H
TELL 2814,3F4
TELL 2C14.1314
TELL 2EN, 1314
TELL 3*1.6*

* TELL 3214.661
TELL 3314.OM1
TELL 3414,1FH
TELL 3614.3FH



TELL 304.1FN
TELL 37M,3F
TELL 38H.O4W
TELL 3914.0*4
TELL 3AN.Ie
TELL 31.3FH
TELL 3CH. 134
TELL 3EH.13HBACK

LOM PORTI GET PORTI SETTING
CWA #ell
BEQ TO SET-, GO TO TESTS
CMPA 11H
BEQ TI SET-1. GO TO TESTICMPA 2H
SEQ T2 SET-2. GO TO TEST2cMP:. 03H
SEQ T3 SET-3. GO TO TEST3
C*A #4H
BEQ T4 SET-4. GO TO TEST4
CMPA 05H
BEQ TS SET-S, GO TO TESTS
CMPA 06H
BEQ T6 SET-6. GO TO TEST6
CMPA 147H
BEQ T7 SET-7. GO TO TEST7
CMPA #81H
SEQ TS SET-8. GO TO TESTS
CMPA #9H
BEQ T9 SET-9 GO TO TEST9
CMPA #eAH
BEO TIS SET-IS GOTO TESTIS
CMPA jesH
SEQ TII SET-I1 GOTO TEST11
CMPA lOCH
BEQ T12 SET-12 GOTO TEST12
CMPA #0DH
BEQ T13 SET-13 GOTO TEST13

A 
0eHBEO T14 SET-14 GOTO TEST14

CMPA eIFH
SEQ T15 SET-15 GOTO TESTIS
imp BACK OTHERWISE START AGAIN

TO JimP TESTS All O's
TI JimP TEST1
T2 P TEST2
T3 JmP TEST3
T4 JmP TEST4
T5 JP TESTS
T6 imp TESTS
T7 imp TEST7
TS JP TESTS
T9 imp TEST9
TIO imp TESTIS
T11 imp TESTII
T12 imp TEST12
T13 imp TEST13
T14 imp TEST14
TIS Jip TEST15

TESTS
LDAA OeeH

LOOPS
STAA PORT4
NOP
NOP
STAB PORT3
NOP
NOP
INCA
SNE LOOPS EXIT WIEN SACK TO 0
TELL 01H.03H
TELL lOH,3FH
imp BLINK
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TESTI; Nominal LIP. DIP. IP. LPW Filters. (BIQUAID 1):
TELL ION. am
TELL 121.WM
TELL 138,009
TELL 1494,3Fl4
TELL 158.3FM
TELL 1694.3Fl
TELL I78.3F8
TELL 188.04"
TELL 19M.008
TELL IAk4.W*
TELL 188.3FH
TELL ICH,09H
TELL IEH.048
Jsit DELAY..5.E

TELL 1694.638
TELL 124.808
TELL 13H.008
TELL 1414,3FH

*TELL i5H.3FH
TELL i6H.3FH
TELL 17M.3FH
TELL 1814.001
TELL 19H,3FH
TELL 1A8.008
TELL I8H.3F4
TELL iCHISO8

*TELL IEH.09H
JSR DELAY-.5,E

TELL 1*1,23H
TELL 12H.001
TELL 138.8
TELL 14H,3F14
TELL 15H.3FH

*TELL 16H.3F8
TELL 17H.3FH
TELL 1811.001
TELL 1914.3FH
TELL IAH,00H
TELL 1BH..3FH
TELL ICH.09H
TELL 1EH,099H

* JSR DELY-.E

TELL 1014.28H
TELL 1214.3FH
TELL I3H,3FH
TELL 148.3F8
TELL 15H.3F4
TELL IG8.3FH

* TELL I78,3F4
TELL I 8H.0"1
TELL 1914.069
TELL WAN0
TELL 8,3FH
TELL 1a404
TELL IEH.09"H
JSR DELAY-5.E
im OLIWI

TEST2 f o Swoop for BP Filter:
TELL 1011.03H
TELL 128.00H
TELL 138.008
TELL 148.3FH
TELL i5H.3FH

* TELL 108.3FlI
TELL 17H.3F8
TELL I88W0ON
TELL 1*1.3F14
TELL IAH,001
TELL 1Bl4.3Fl



TELL I CH.13H
TELL 104, 13H
JsiR DELAY-..5.

TELL lCH,6n4
TELL 1IOAFM
JSR OELAY-S..E
TELL 1Q4,"H
TELL IEH.8OH
JSR DELAY-5.SE
TELL 1OH.OO$1
TELL IEH.O*I
JSR DELAY-5.,E
TELL ICH.13H0
TELL IEH,134

LOOPI WA#3
LDAA I 1c1 SET CG
STAA PORT4 SET ADDRESS
HOP

STBPORT3 SET DATA
HOP
HOP
LDAA 11EM SET C7
STAA PORT4 SET ADDRESS
Nop

STAB PORT3 SET DATA

JSR LED-..N,E
JSR DELAY-1,E
JSR LED..OFF.E
JSR DELAY-..JE
DECO
ONE LOOPI

WT1JSR LED-SN,E

BRA WAITI

TEST3; Coscaded Bondposs Filters:

TELL i9H.88H
TELL 12H4,601
TELL 1314,914
TELL 1414.3FH
TELL 1514.317H
TELL 1614.3FH
TELL 17H4,3FH
TELL 18H.,001
TELL 19H,3FH
TELL 1AM.8eN
TELL 18H.3FH
TELL 104. OFH
TELL IEJI,OFH

TELL 2614.G8H
.ELL 22H,88H
TELL 23H.ftH
TELL 24H.3FH
TELL 2514,3FH
TELL 26H.3FH
TELL 2714,3Fl1
TELL 281.S"
TELL 2914.3F4
TELL 2A1.00I
TELL 214,3F4
TELL 2C14.OH
TELL 2EH,0014

TELL 30H.91
TELL 32H4.W
TELL 33H4,9"
IELL 3414.371
TELL 3514.3714
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TELL 36H.3Fl4
TELL 37h.SFN
TELL 38H.Wl
TELL 3tI,3Fl4
TELL 3AH,@*I
TELL 38H,3Fl4

* TELL 3ct1. ow
TELL 3E,98H

TELL 19H,6311
JSR OELAY-5.E

TELL 1(*.W
TELL 20H.03H
JSR DELAY-.E

TELL 2611,601
TELL 30H,63H
JSR DELAY_..5E

TELL 3011.60
TELL 1H.05

*TELL 20H,82H
JSR DELAY.5.E

TELL 2611,6*1
TELL 3eH.824
imp BLINK

TEST4 ;TEST FOR DIFFERENT gm COARSE VALUES

TELL 18H.63H
TELL 12H,M0
TELL 14H.3FH
TELL 16H,3FH
TELL 1811.9911
TELL iA.HO
TELL ICH,09H

*TELL 1EH,99H
WDAS #3FH

LOOP2
LDAA 013H
STAA PORT4
STAB PORT3
LDAM #15H
STAA PORT40STAB PORT3
LDAA 11711
STAA PORT4
STAB PORT3
LDA #19H
STMA PORT4
STAB PORT3
LDAA #161
STM PORT4
STAB PORT3
JSR LED-.ON,E
JSR DELAY-..E
JSfR LED..OFF,E
JSR DELAY-,1E
DECS

*ONE LOOP2

SLINK
LDAA #FFH LED ON
WAS 103FH LED OFF

LOOPBLNK
JSR DELAY,E
STAA PORT4 ON
JSR OELAYE0STAB PORT4 OFF

imp LOOPBLNK

DELAY ;Delay .5 seconds

PSHO
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DELAY..A LDMBWrH
DECA

DELAY-B
DECO
BNE DELAY-8
TSTA
ONE DELAY..A
PULB
PULA
RTS

DELAY-1 Delay i second
PSHA
PSHO
JSR OELAY.E
JSR DELAY.E
PULB
PULA
RTS

OELAY-5 ;Delay 5 seconds
PSHA
PSHB
JSR DELAYJ.E
JSR DELAY-.1,E
~JSR DELAY-..JE
JSR DELAY-.1,E
JSR DELAY-.1.E
PULS
PULA
RTS

DELAY-.10 Delay 10 seconds
PSHA
PSH8

JSR DELAY-.5.E
JSR DELAY-.5.E

PULS
PULA
RI S

DELAY-..20 Delay 20 seconds0
PSHA
PSHO

JSR DELAY-...E
JSR DELAY..10,E

PULB
PULA
RTS

LED-.ON ;Turns the LED on.
PSHA
TELL OFFH.SAAH
PULA
RTS

LED-O..FF ;Turns the LED off,
PSHA
TELL 03Fl1.55H
PULA
RTS

TESTS ;CASEI: MIN OW. MIN WO

TELL 19H,93H
TELL 12Hi.60
TELL 1311.609
TELL 14W6094
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TELL 13i.6lH
TELL I HON.i4
TELL 174.0iH
TELL 18H.H
TELL 1*i,0114
TELL 1AN.
TELL 18H.91H
TELL 1CH. 13t4
TELL 104.13
JiF BLINK

TESTS ;CASE2: MAX OW, MAX ie

TELL 1iU4.3t.
TELL 1214. 6el
TELL 13H4.6H
TELL 141.,3F1H
TELL 15143FH1
TELL 16t4.3F
TELL 17H.3FH
TELL 1813FI
TELL 1914,3FH
TELL 1AH.3FPe
TELL 11*4.3FH
TELL 1CH.eH
TELL 1EH.60
JP BLINK

TEST7 ;CASE3: MAX WO AND SMALLEST SW

TELL 16H.034
TELL 12H.01H
TELL 131.60H
TELL 14H. 3FH
TELL 15H.3FH
TELL 1614.3FH
TELL 17H.3FH
TELL 18H.001f
TELL 19H,01H
TELL 1AH1,1.4
TELL 18H,81H
TELL lCHOOH
TELL 1EH.9H
imp BLINK

TESTS ;CASE4: MIN BW, LARGEST We

TELL 10H.03H
TELL 12H.0014
TELL 13H.6"1
TELL 14H,.3FH
TELL 1 -%4.4FFH
TELL 16H,3FH
TELL 17H,3FI4
TELL 1S.6H
TELL 19*.011H
TELL 1AH.601
TELL 19H,01H
TELL 1CH,0OH
TELL 1EH,134
imp BLINK

TEST9 :CASES: MIN We,0 0.5

TELL 1H0034
TELL 1214.00ll
TELL 13H4,0*1
TELL 1414.014
TELL 15H 01H
TELL 18H4.60
TELL 1714,01H
TELL 181.19'
TELL 19H.02H
TELL IAH.19t4
TELL 1814022H
TELL 1CHI134
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TELL I CH. 1)
.3w SLINK

TESTIS ;CASES: MAX MV. Q - 0.5

TELL 1*$.05H
TELL 1HO
TELL 151M.""
TELL 1414,3Fl
TELL 1504.3FH
TELL 168.3Fl4
TELL 17N,3FH
TELL ISN,3FH
TELL 19H.3F4
TELL IAI4,3FH
TELL IBH.3Fl4
TELL tCH.eeW
TELL IEH.,H
imp BLINK

TESTII ;CASE7: WeDAC S Vrof+

TELL 10H.03H
TELL 12H.OOH
TELL 13HWH
TELL 1414,3EN
TELL 1514.3FH
TELL 16H.3FH
TELL 17)4,3FH
TELL ISH.3F4
TELL 19H.3FH
TELL IA14,3FH
TELL 18H,3FH
TELL lC*4OW
TELL 1EH.8
imp BLINK

TEST12 :CASES: BW DAC S Vref+

TELL 1014,834
TELL 1214,881
TELL 13H.908
TELL 14H,3FH
TELL 15H,3F4
TELL 16H.3FH
TELL 178.3FH
TELL ISH.3EH
TELL 19H.3FH
TELL lAH,3E4
TELL I8H..3F4
TELL lCl*IGOO
TELL 1EH,80H
imp SLINK

TEST13 ;CASE9: "li, OW. DAC S Vref-

TELL 1*1.034
TELL 12M.,5*
TELL 13.,W
TELL 141,W
TELL 1514,3F4
TELL 1814,001
TELL 17H,3F4
TELL 1814,8*
TELL 1914,3F4
TELL 1I4.W14
TELL 113.Fl
TELL IC1,9W
TELL IEH.W9
ip BLINK

TEST14 ;CASEIO: "2 DAC S Vref-

TELL IOH,034
TELL 12H, ON
TELL 13H4,5*
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TELL 1411.*IH
TELL I54.3Fl4
TELL ISH.IW
TELL 17N.3Fl1

* TELL ISH.W
TELL I9N.3FH
TELL IAWM
TELL I8H.3Fl1
TELL ICHN"
TELL 1EH.WI

imp SLINK

*TESTIS :CASE1I: OW2 DAC * rf

TELL 1IG.05H
TELL 12H.*I
TELL 13H,.H
TELL 14H.OH
TELL 15H4.3FH
TELL I SH, s

*TELL 17H.3FH
TELL I8HO1H
TELL 19H.3FH
TELL IAH.81H
TELL IBH.3Fl1
TELL ICH.9eH
TELL IE,OOH
JW BLINK

END
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0

Test 5(case 1)-15(case 10)

These tests are for determining the fo and BW adjustment range of Biquad 1 which is
configured in the BP mode. Eleven different 1o and BW values are set which correspond
to extreme settings on the g, and capacitor array values, as well as at positions for
deterniming limited LSB resolution on 1. and BW. These tests are summarized in Table
•5.10-2. 0

For example, Test 5(Cae 1) corresponds to the minimum f0, minimum BW filter
attainable with Biquad 1. A brief flow diagram of the program for this test appears in
Table 5.10-3.

Experimental Results

Test 0 through Test 4 are intended only to verify basic functionality of the CSP. A
spectrum analyzer was connected to the CSP via the excitation and response busses when
these tests were run. Basic functionality was verified in al! of these tests. Preliminary test
results for Tests 5-15 are summarized in Table 5.10-4. Emphasis in these tests was on
quantifying gm and BW adjustment range. These measurements were obtained from an
HP3585A Spectrum Analyzer by the following procedures:

1. Set DIP switches to the desired test (5 to 15).

2. Reset the microcomputer (HD6801).

3. Measure hmz [the peak value].

4. Find f3dbl and f3db2.

5. Obtain fo, BW, and Q by calculating:

fO = V'/fhdbx X f3db2 (5.10-6) 0

BW = f3db2 - f3dbl Q = fo (5.10-7)
BW

The results from experiments have shown that, in general, the biquads and switching
capacitors in DCASP-2 are functional. The domain of fo and BW values is somewhat
smaller than the theoretical as anticipated. This reduction can be seen by comparing
the results in Table 5.10-4 with those in Table 5.10-5. For Case 1 and Case 2, the
attainable ranges of 10 and BW are found to be smaller then expected. Cases 3 and 4
correspond to the most stringent filter specifications, namely the smallest bandwidths
at the highest frequencies. The theoret'al corresponding pole Q's are 188 and 600
respectively and any significant Q-enhancement will cause instability. Experimen-
tally, the circuit of Case 3 oscillated and that of Case 4 is still being investigated.
The performance of the circuits corresponding to Cases 6-11 are much as expected.
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The measured adjustment ranges are depicted in Fig. 5.10-4. The theoretical and
experimental adjustment ranges are superimposed in Fig. 5.10-S.

The basic functionality of DCASP-2 has been experimentally verified. The results
are consisteit with theoretical expectations. A preliminary investigation of the fo and
BW7V adjustment ranges has also been made. Additional detailed tests relating to linearity,
resolution, adjustment range and noise are planned in the near future.
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Address Data

1.1 Select Biquad 1 10H 0 3 H
2. Set g, to zero

(gi coarse= 0) 1 3 , OH
(g,, fne= 0) 12H ooH

3. Set (9m2 = gm3 = 9m 4 =9
m $

to minimum g.
(gm2 coarse= 0) 15H OH
(gm3 coarse= 0) 17H OOH
(gM4 coarse= 0) 19 H OH

(gins coarse= 0) 1BH O0 H
(gm2 fine=minimum) 14H 01H

(gM3 fine=minimum) 1 6 H 01H

(gM4 fine=minimum) 18H 01H
(gins fine=minimum) IAH 01H

4. Set C6 = C7 =maximum
(Cs =maximum) 1CH 13 H

(C7 =maximum) .EH 13H

S

Table 5.10-3: Flow diagram for Test 5.

.
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CASE f31(Hz) f3db2(HZ) fo(HZ) B (Hz) Q HMAX(d

1 1250.8 ± 1.3 3156.0± 1.3 1986.8 1905.2 1,0429 -8.28
2 987,000 ± 920 1,802,593 ± 920 1,333,851.3 815,593 1.6354 -7.49
3 Oscillates at 11.45 MHz .......
4 Oscillates at 1.7 MHz
5 281.5 + 3.2 3,337 ± 3.2 969.2 3,055.5 0.3172 -8.97
6 574,700 ± 950 1,460,100 ± 950 916,034.6 885,400 1.0346 -7.88
7 985,100 - 920 1,801,150 ± 920 1,332,033.4 816,050 1.6323 -7.33
8 987,460 - 920 1,801,720 ± 920 1,333,838.9 814,260 1.6381 -7.30
9 734,300 ± 870 1,560,800 ± 870 1,070,558.5 826,500 1.2953 -7.33 J
10 736,200 ± 870 156,270 ± 870 1,072,594.9 826,500 1.2978 -7.31
11 733,350 ± 870 1,560,800 ± 870 1,069,865.7 827,450 1.2930 -7.32

Table 5.10-4: Results of DCASP-2 for Case 1-Case 1-Case 11 in Table 5.10-1. 0
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* measured values

* 1000000JU

10000-
L16

0

100*
1000 10000 100000 1000000

BANDWIDTH (Hz)

0

Fig. 5.10-4: The tuning range measured from DCASP-2.
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CASE 1o Bit

1 1552.83 1552.83 1
2 2,976000 2,976,000 1
3 2,976,000 15,834.86 187.94
4 931,939.5 1,552.83 600.16
5 1552.83 2,942.589 0.5278
6 1,519,502 2,976,000 0.5106
7 2,95,038 2,976,000 0.9963
8 2,976,000 2,954,126 1.0074
9 1,947,150 1,947,150 1

10 1,953,043 1,947,150 1.0030
11 1,947,150 1,958,953 0.9940

Table 5.10-5: Theoretic Values of Parameters for Case 1 through Case 11 in Table 5.10-1.
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5.11 OTA with 6 Selectable Output Stages

Name: OTA 6-bit
MOSIS ID: 23528
Fab. ID: M72LJH-1
Technology: CBPE-MOSIS 31, CMOS double-poly p-well process
Fabricated: July-August 1987
Chip Size: 2300As x 3400M&(7.82mm 2)
Active Area: 300u x 750M&(0.225mm 2)
Number of Pads: 17
Packaging: 28 pin package
Status: Currently being tested.

0 Purpose:

This test chip is used to characterize the 6-output stage OTA used in the controlled
transconductance amplifier (CTA) of DCASP-2. As was reported in Section 2.1.2.1, the

* 2-output stage OTA used in DCASP-1 exhibits a large "gap" in the attainable values of
g,. The 6-output stage OTA described in this section was designed to eliminate such gaps
as well as to allow much smaller values of g,, than possible with the previous designs.

In addition to the characterization of the gm adjustment range for the OTA, the
* following will be studied: effect of Vb,,,; dynamic range; linearity; noise characteristics;

frequency response; power dissipation.

Description:

A circuit schematic and device sizes are given in Section 2.1.2.1 and repeated as
Fig. 5.11-1 and Table 5.11-1. In addition to the OTA circuit, the test chip contains a 6-
bit latch which is used to hold the digital control word for the 6 output stages of the OTA.
The die photograph of the test cell is shown in Fig. 5.11-2 (Note: The DAC contained on

0 this test cell is described in Sec. 5.12). A diagram showing the pinouts on the test IC is
given in Fig. 5.11-3. Following is a description of each pin:

Pin 1: Bulk The connection to the n+ substrate of the
* chip

0



Pin 5-1O:DsD4D3D2DiDo Digital input to the 6-bit latch. DS con-
trols the largest OTA output stage, Do the 0
smallest.

Pin 11: CLK Clock input to the 6-bit latch.

Pin 12: LOAD Enable input to the 6-bit latch. •

Pin 14: Iou OTA output current.

Pin 18: Vss Negative supply for the test circuit. •

Pin 19: Vbi,, DC input voltage used to bias the currents
in the cascoded structure of the OTA input
stage.

Pin 20: Vtail DC input voltage used to adjust the g,, of 0

the OTA by adjusti g the tail current in the
cascoded structures of the OTA input stage.

Pin 21: V; Negative input terminal of the OTA. -

Pin 22: Vi+ Positive input terminal of the OTA.

Pine 23: VDD Positive supply for the test circuit.

As discussed in Sec. 2.1.2.1, the 6-output stage OTA was designed to provide 11

equally spaced (in the logorithmic sense) gain factors. Table 5.11-2 (repeated from Sec. 2.3.3.1)
lists the digital input settings used to achieve these 11 gain factors.

Test Plan:

(a) Coarse and fine gm adjustment range measurement

The circuit shown in Fig. 5.11-4 was used to test the OTA. The op amp in the

test circuit allows the OTA output to be ideally terminated in a short circuit by
maintaining the output voltage at approximately OV. The experimental value of g.
is computed from measur, ments of Vut, RF and Vi,, using the equation

7 out _ Vout

n R(5.11-1)

This is done for several values of the control voltage Vtail for measurement of the fine
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9,n adjustment characteristics. To obtain the coarse adjustment characteristics, the
procedure is repeated for all 11 of the coarse control digital input states of interest,
i.e., for those states which were designed to yield 11 equally spaced (in the logarithmic
sense) gain factors (see Section 2.1.2.1). From the resulting data, a plot of g,,, versus
Ftil is constructed for each of the coarse control settings.

* (b) Effect of Vbi..

Experimental determination of the optimal value of Vbi,, is desired. The circuit shown
in Fig. 5.11-4 is again used. The procedure is similar to that in (a), except that the
measurements are repeated for different values of Vbi... Only the largest gain state

0 (DsD4 DsD 2DiDo = 111111) is considered.

Complete test plans to study the additional characteristics of concern are under develop-

ment.

* Experimental Results.

(a) Coarse and fine g. adjustment range

Fig. 5.11-5 shows the gm versus Vti curves for each of the 11 states of interest. It
* can be seen that the curves are not exactly equally spaced; some variation is to be

expected from transistor mismatches and process variations.

Recall from Section 2.1.2.2 the estimate that, while maintaining a resolution of bet-
ter than 1% in gi, a fine gm adjustment by a factor of approximately 1.8 is allowed

* with the DAC of DCASP-2. It follows that the coarse gm adjustment provided by
the differently-sized OTA output stages must always be by a factor less than 1.8, in
order that there are no undesirable gaps in the attainable values of gin. Looking at
Fig. 5.11-5, and in particular for Vtil = -3.7V, it appears the coarse g. values do
vary by a factor less than 1.8; i.e., the curves appear to be separated by less than

0 logl0(1.8) = .255. The design goal of maintaining a g. resolution better than 1% ap-
pears to have been achieved (assuming, of course, that the fine adjustment provided
by the DAC does indeed permit a gr adjustment by a factor greater than 1.8).

Note that measurements for Vtit < -3.9 are not included in Fig. 5.11-5. The out-
* put signals for such values of Vtg4 l are excessively distorted due to this gate voltage

approaching the negative supply rail.

(b) Effect of V&io

Fig. 5.11-6 shows the g. versus Vtil curve for three different bias voltages V6,. All

six output stages are enabled for these casm.

The curves suggest that the fine gr adjustment by a factor of 1.8 can be achieved
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with any of the three values of Vj... However, in the range of interest (-3.9 <

VtGS < -3.4), the curves are clearly more linear for Vb, = -2.OV and -2.5V than
for Vbj., = -3.OV. Recall that the design of the DAC was based upon a linear
relationship between g,, and Vt.,h for this reason a V1,.j of -2.OV or -2.5V is favored.
However, dynamic range considerations favor the more negative value of Vbi.,. In any
case, the value V6i,6 = -2.5V appears to be acceptable.

Further tests of this 6--output stage OTA are pending.
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Fig. 5.11-2: Layout of 6-output stage OTA cell.
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8 Vn+ ..._. n0 :L: D Vin- 21
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12

14 
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Fig. 5.11-3: Pinonto for the 8--output stage OTA test cell.
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VPp = +

1 22 + 3 -5V.
in 14 Iout 2 j

1.OVpp @ 1OHz 21 61 Vout

18~ 1 Vt 0. i4

V bLis -5V

Vss=-5V

Fig. 5.11--4: Circuit used to obtain g,,, versus Veti curves for the 6-bit output stage
OTA of DCASP-2.
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Fig. 5.11-4: gm vs Vt' 1 , for different digital inputs.
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Table 5.11-I: Device Sizing for 6-output stage OTA Fig. 5.11-1.

0 DEVICE SIZE
(microns)
W L

M1-M2 8 5
M3-M4 16 5
M5-M6 8 5
M7 7 5
M8-M9 40 3
M10-MiS 80 3
M16-M17 60 3
M18-M21 120 3
M22-M23 60 3
M24-M25 120 3
M26-M27 60 3

0 M28-M31 5 11
M32-M33 7 3
M34-M37 6 9
M38-M39 7 3
M40-M43 15 9

* M44-M45 7 3
M46-M49 21 6
M50-MS1 7 3
M52-M55 17 3
MS-M57 7 3

* M58-M61 44 3
M62-M63 17 3
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Table 5.11-2: Theoretical gain of 6-output stage OTA as a function of coarse contro!
digital input, assuming gain of first stage is (1.618) - 10.

As A 4  A 3  A 2  A 1  Ao Gain

0 0 0 0 0 1 (1.618)-10 = .00813
O 0 0 0 1 0 (1.618)-9 = .01316
0 0 0 0 1 1 (1.618) - 8 = .0213
0 0 0 1 0 0 (1.618) - 7 = .0344
0 0 0 1 1 1 (1.618) - 6 = .0557
0 0 1 0 0 0 (1.618)-s _.0902
0 0 1 1 1 1 (1.618) - 4 = .1459
0 1 0 0 0 0 (1.618)-3 = .236
0 1 1 1 1 1 (1.618) - 2 = .382
1 0 0 0 0 0 (1.618)-1 = .618
1 1 1 1 1 1 (1.618)0 = 1.000

0
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5.12 6-Bit Logarithmic DAC With Switching Tree

MOSIS ID: 23528
Fab. ID: M72LJH-1
Technology: CBPE-MOSIS 3A CMOS Double-Poly p-Well
Fabricated: March-April 1987
Chip Size: 2300/1 x 3400,u
Active Area:
Number of Pads: 14
Packaging: 28 Pin Package
Status: Tested

Purpose:

This test chip is used to characterize the monotonicity as well as logarithmic-increment
feature of the Digital-to-AnalogConverter (DAC) circuit using the switching tree decoding.
This building block has been designed and fabricated into the DCASP-2 chip (refer to Sec.
5.10) to provide the OTA g.. fine-control voltages in biquads.

* Description:

The test chip, also referred to as Log DAC, has a' nost the same structure as previous
Small DAC test chips. A block diagram of the Log DAC appears in Fig. 5.12-1 along with
a circuit diagram in Fig. 5.12-2. Device sizes and geometries are summarized in Table
5.12-3. A pin diagram appears in Fig. 5.12-3 and a die photograph in Fig. 5.12-4. The
only difference is that the incremental voltages changes are equally spaced on a logarithmic
scale. The reasons for employing this scheme are fully discussed in Sec. 2.1(DAC and Fine
gm Adjustments) and will not be repeated in this section. The resistive poly string is
therefore spaced logarithmically instead of linearly. In Table 5.12-1, the resistor values
and the incremental rates are listed. It is expected that each incremental rate will be
maintained at a value around 1.01.

Test Plans: (See Test Plans, S-, 5.9)

• Experimental Results:

The performance of the Log DAC can be characterized by the results shown in TABLE
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DAC3.1. The average value of incremental ratios RMcan be easily calculated by

R-I

(R.13 62 = 1.0661745

1.17%
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Table 5.12-1: Resistor values used in small log DAC and DCASP-2. (Refer to Fig.
* 5.12-6 for the definiticns of X, Y, Z).

RN
N X Y Z # Squares RN

S(AM) (AM) _ _ 01)1RN - I

45.794 231.8 -
2 7 4 8 5.850 234.0 1.010
3 6 4 4 5.900 236.0 1.009
4 5 5 4 5.950 238.0 1.008
5 8 4 19 6.010 240.4 1.010

6 7 5 14 6.057 242.3 1.008
* 7 8 4 13 6.108 244.3 1.008

8 8 4 II 6.164 246.6 1.009
9 8 4 10 6.200 248.0 1.006
10 7 5 9 6.255 250.2 1.009
11 7 5 8 6.325 253.0 1.011

* 12 8 4 7 6.371 254.8 1.007
13 8 5 21 6.438 257.5 1.011
14 8 5 17 6.494 259.8 1.009
15 8 5 14 6.557 262.3 1.010
16 8 4 5 6.600 264.0 1.007
17 8 5 11 6.655 266.2 1.008
18 7 5 5 6.700 268.0 1.007
19 8 5 9 6.755 270.2 1.008
20 8 5 8 6.825 273.0 1.010
21 10 4 20 6.900 276.0 1.011
22 10 4 16 6.950 278.0 1.007
23 9 5 16 7.012 280.5 1.009
24 9 5 13 7.085 283.4 1.010
25 10 4 9 7.144 285.8 1.008
26 10 4 8 7.200 288.0 1.008
27 9 5 9 7.255 290.2 1.008
28 9 5 8 7.325 293.0 1.010
29 11 4 17 7.385 295.4 1.008
30 10 5 20 7.450 298.0 1.009
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Table 5.12-1, con't.

S

1- RN
N X Y Z #Squares RN RN

RN - 1
(1,m) (,,,,,) (AM) (A)

31 11 4 11 7.514 300.6 1.009
32 10 5 13 7.585 303.4 1.009
33 11 4 8 7.650 306.0 1.009
34 11 4 7 7.721 308.8 1.009
35 10 5 9 7.755 310.2 1.004
36 12 4 16 7.850 314.0 1.012

37 10 5 7 7.914 316.6 1.008
38 11 3 17 7.994 319.8 1.010
39 11 5 14 8.057 322.3 1.008
40 11 5 12 8.117 324.7 1.007
41 10 5 5 8.200 328.0 1.010
42 11 5 9 8.255 330.2 1.007
43 13 4 14 8.336 333.4 1.010
44 13 4 11 8.414 336.5 1.009
45 12 5 17 8.494 339.8 1.010
46 12 5 14 8.557 342.3 1.007
47 13 4 7 8.621 344.8 1.007
48 13 4 6 8.716 348.6 1.011 0
49 14 4 14 8.786 351.4 1.008
50 14 4 11 8.864 354.6 1.009
51 14 4 9 8.944 357.8 1.009
52 13 5 16 9.012 360.5 1.008
53 13 5 13 9.085 363.4 1.008 •

54 13 5 11 9.154 366.2 1.008
55 13 5 9 9.255 370.2 1.011
56 13 5 8 9.325 373.0 1.008
57 13 5 7 9.413 376.5 1.009
58 14 4 4 9.500 380.0 1.009 0
59 14 5 13 9.585 383.4 1.009
60 14 5 11 9.654 386.2 1.007
61 15 4 5 9.750 390.0 1.010
62 14 5 8 9.825 393.0 1.008
63 14 5 7 9.914 396.6 1.009 0
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Table 5.12-2: The DC output voltages and the linearity characterisitics with different
digital settings.

Digital Output LSBertor R R

Settings Voltages (%) (%)

0 -4.945800 1.084003 0.000000
1 -4.887300 6.994959 1.169996 1.079329

-4.828600 0.529624 1.174002 1.003423
3 -4.771200 3.064963 1.147995 0.977848
4 -4.713300 0.005135 1.157999 1.008714
5 -4.654000 1.528767 1.186008 1.024188
6 -4.590700 5.816428 1.265993 1.067440
7 -4.528100 1.964485 1.252003 0.988949
8 -4.465300 0.552609 1.255999 1.003192
9 -4.402400 0.710925 1 .258001 1.001595
10 -4.338500 0.706895 1.278000 1.015897
11 -4.274600 0.868994 1.278000 1.000000
12 -4.212200 3.196212 1.247997 0.976524
13 -4.146900 3.738266 1.306000 1.046476
14 -4.078400 3.988960 1.370001 1.049005
15 -4.009900 0.868994 1.370001 1.000000
16 -3.945000 .078626 1.298003 0.947447
17 -3.876500 4.629601 1.370001 1.055468
18 -3.810400 4.342428 1.321998 0.964961
19 -3.741600 3.180370 1.375999 1.040849
20 -3.672500 0.436491 1.382003 1.004363
21 -3.603000 0.295404 1.389999 1.005786
22 -3.534800 2.723382 1.363997 0.981294
23 -3.464900 1.602259 1.398001 1.024929
24 -3.391100 4.661992 1.476002 1.055795
25 -3.319100 3.286904 1.440001 0.975609
26 -3.246800 0.456049 1.445999 1.004166
27 -3.172900 1.324812 1.478000 1.022130
28 -3.098800 0.600670 1.482 )00 1.002707
29 -3.024300 0.334106 1.489997 1.005396
30 -2.951100 2.598609 1.464000 0.982552
31 -2.874700 3.464671 1.528001 1.043717
32 -2.795900 2.244969 1.575999 1.031413
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Table 5.12-2, con't

Digital Output 6SB.rror~ R R

Settings Voltages (%) (%)

33 -2.7:9100 3.384828 1.536002 0.974621
34 -2.641900 0.352907 1.543999 1.005206
35 -2.562700 1.699291 1.584001 1.025908
36 -2.463200 24.539461 1.989999 1.256312
37 -2.383600 20.695053 1.592002 0.800001
38 -2.302500 0.998913 1.622000 1.018843
39 -2.218900 2.186898 1.672001 1.030827
40 -2.129400 6.126976 1.789999 1.070573
41 -2.048200 10.061960 1.624002 0.907264
42 , -1.964300 2.426908 1.677997 1.033248
43 -1.870600 10.710330 1.874001 1.116808
44 -1.785200 9.650138 1.708000 0.911419
45 -1.699400 0.404608 1.716001 1.004685
46 -i.610300 2.943681 1.782000 1.038461
47 -1.524000 3.984339 1.725998 0.968573
48 -1.437000 0.064789 1.740000 1.008113
49 -1.347000 2.549336 1.800001 1.034483
50 -1.256800 0.648802 1.803999 1.002221
51 -1.166500 0.758939 1.806002 1.001110
52 -1.076200 0.869124 1.805999 0.999999
53 -0.982000 3.412474 1.884000 1.043190
54 -0.887700 0.763808 1.885999 1.001061
55 -0.793200 0.658716 1.890000 1.002121
56 -0.698400 0.554298 1.896000 1.003175
57 -0.603500 0.764411 1.898000 1.001055
58 -0.509600 1.913564 1.878000 0.989463
59 -0.410000 5.148500 1.992000 1.060702
60 -0.310600 1.068057 1.988000 0.997992
61 -0.213700 3.362198 1.938000 0.974849
62 -0.113800 2.200063 1.998000 1.030960
63 -0.013300 0.273613 2.010000 1.006006

Final dR/R=0.266000
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Fig. 5.12-1: The block diagram of the small log DAC.
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Fig. 5.12-2: The circuit schematic of the small log DAC.
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Fig. 5-12-4: The die photograph of the small log DAC test chip.
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The above value is very close to the ideal incremental ratio= 1.01. However, it can also
be observed that the averat, LSB error is somewhat larger than the small linear DAC's.
Note that the LSB error shown in TABLE DAC3.1 is defined differently from the linear
DAC's by the following:

LSBlor [ kRR- -I kRN-1 avierage X 100% (5.12-2)
'R-' ) avarage J

where RN has been defined previously. The measured error is plotted in Fig.RN- L average
* 5.12-5.

It can be observed that the errors are unusually large at digita.' inputs 36 and 37.
These unusual points are expected to be fixed in the next fabrication. Moreover, the offset
voltage in the Small DAC, described in Section 5.9, was not found in the Logarithmic
DAC, although their layout designs are essentially the same.
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5.13 Performance Detector based upon S/H-2

Name: S/H-2
MOSIS ID: 23496
Fab. ID: M76LLA-1
Technology: CBPE - MOSIS 31m CMOS double-poly p-well process
Fabricated: July - August 1987
Chip Size: 7900pm x 9200pum (72.68mm 2)
Active Area: 235pm x 1940pm (.45mm2)
Number of Pads: 11
Packaging: 64 pin package
Status: Currently being tested.

Name: DCASP-2
MOSIS ID: 23528
Fab. ID: M72LJH-1
Technology: CBPE - MOSIS 3pum CMOS double-poly p-well process
Fabricated: July - August 1987
Chip Size: 230014m x 34001im (7.82mm 2)
Active Area: 235pm x 1940/um (.45mm 2 )
Number of Pads: 11
Packaging: 28 pin package
Status: Currently being tested.

Purpose:

* This Performance Detector is a pair of Sample/Hold-2 cells as discussed in Sec-
tion 2.2.2.3c, controlled by a common sampling control logic and external trigger to simul-
taneously sample the excitation and response signals. The purpose of this test chip is to
dynamically characterize the performance and performance limitations of the S/H-2 based
Performance Detector architecture and its associated physical design and to accurately

*O sample high-frequency large-amplitude signals in the presence of circuit non-idealities
such as switch feed-through, voltage dependent switch "on" resistance, statistical process
variations, etc..

The focus of this test vehicle is to characterize the analog performance of an individual
* S/H-2 cell, and the matching characteristics between two adjacent S/H--2 cells. This test

structure does not provide for multiple samples of the excitation and response signals nor
does it provide the complex control and interface logic necessary to multiplex an external
AiD. Only the minimum necessary control logic has been provided on-chip so as to not
preclude the characterization of the analog Portion of this architecture.

Description:

This test-cell was included on two different IC's J) the S/H test chip (MOSIS ID:

.0 5.13-1



23496) and (2) DCASP-2 chip (MOSIS ID: 23528). Pin-outs and a die photograph of the
S/H test cell are shown in Figs. 5.13-1 and 5.13-2, respectively. This structure requires 0
four bias voltages and two bias currents as follows:

(1) VDD= +5V (2) Bulk = +5V
(3) Vss -5V (4) Gnd = OV
(5) _Ib.,/Resp = 10O0A (6) Ibi.g/Ezc = 100/A

The two analog inputs, v,/Exc and V,/Reap are simultaneously sampled on the rising
edge of the ±5V digital signal SampleBar, with the resultant sampled and held output
voltages brought external via the analog outputs, V/Ezc and Vo/Resp. This is illustrated
in the block diagram shown in Fig. 5.13-3.

In this figure, it is easy to see how the excitation signal, v,/Ezc and the response signal,
V,/Reap are sampled at the same instances, via the common or shared control logic, which
is shown in its entirety in Fig. 5.13-4 with its associated devices sizes listed in Table 5.13-
1. The circuit schematic, timing diagram and equivalent circuits for the S/H-2 cell are
provided in Fig. 5.13-5, and its device sizes contained in Table 5.13-2. A more detailed
discussion of the functionality of this design is provided in Section 2.2.2.3c.

The poly resistors R.., of value 2.5kfl was added to this test vehicle to limit the ex-
ternal capacitive ioad seen by the load sensitive output node of the S/H. If this capacitive
load is too large', then it drastically reduces the phase margin of the S/H OpAmp and may
cause oscillatio. The resistor Rrt in series with a typical load cpacitance of 10 - 15pF
produces a pole at - 5MHz, thus for frequencies near the bandwidth of this OpAmp
(30MHz), this RC load looks much more resistive than capacitive. Furthermore this ad-
ditional pole assoicated with the oUkLput signal slightly increases the settling-time required
for the output voltage Lo settle to 0.1% of its final sample and held voltage level, but does
not at all effect the accuracy of the voltage sampling.

The purpose of the control logic circuitry is to generate the Track, Hold and Sample
signals which control the analog switches of the S/H-2 circuit. The externally provided
trigger, SampleBar is inverted by ' , thus generating the internal control line, Sample. A
delay in excess of 0rsec is added to the Sample signal via the inverters 12, 13 and the lpF
capacitor. This delayed signal and its compliment are logically equivalent to the control
signals Track and Hold, respectively. The gates, i. through i, are sized so that the gate
delay due to i4 and 1, is equal to that of i., r7 and i.. Thus signals, Track and Hold will
change simultaneously.

Test Plan:

(1) Functional Test - For this test, tie the v,/Ezc and v /Reap signals together and connect
to a sinusoidal function generator of frequency f, and amplitude Vm, as shown in
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Fig. 5.13-1. Pin-outs for S/H-2 test vehicles.
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Fig. 5.13-2. Die photograph of S/H test cell containing a Performance Detector
based up on two phase-correlated S/H-2 cells as shown in the lower
left hand portion of the photograph and labeled "Perf. Det".
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Fig. 5.13-3. Block diagram of S/H-2 test circuit.
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Table 5.13-1. Devices sizes for 5/11-2 control logic of Fig. 5.13-4.

P-channel N-channel
Device w L W L

I,___ lSpm 3pum 714m 4pum

1 2 7pum 7pum 7pum 4pm

13 l5/Am 3p~m 7pum 4p~m

14 1514m 3pmr 7pum 4gum

is___ 3Opm 3pm l4Am 4pm

____3Opum 314m l4/Am 4gum

17 3Opm 3pm l4Am 4pum

3Opm I3pm l4um I4p~m
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Table 5.13-2. Device sizes and component values for S/H-2
circuit schematic of Fig. 5.13-5.

Component n--channel p--channel Value
W L W L

S, 12M4m 3Mum ___ _

St____ 914m 314m 2314m 3Mm ___

_______ 9jMm 314m 2 3 1Am 314m ___

Ci __ __ SpF

C 2  ______ pF

Ch, ______ 1.5pF
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Fig. 5.13-6. S/H-2 functional test setup.
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f., such that f. is approximately 10 - 20 times greater than fo. Now with the system
in this configuration, perform the following tests.

Input a low-frequency low-amplitude sinusoid (i 1Vp_pOi0kHz), display the input
signal and one of the two sampled output waveforms (vo/Ezc or Vo/Rep) on a high-frequency
oscilloscope, triggered off of the SampleBar signal. Vo should resemble an amplitude varying
square-wave waveform, toggling between ground when Sam p eBar is high and the S/H is in
track-mode, and various amplitudes as a function of the time-sampled input signal Vi(t,)
when SampleBar is low and the S/H is in the hold-mode. The amplitude of the square-wave
during the hold-mode state should follow track the input signal up and down. From this
continuous-time display, the following characteristics should be examined.

(a) Check the phase margin of the S/H OpAmp by looking for ringing or oscillation
present in the step response on each of the transtitions between ground and the
sampled-output voltage. In the S/H application, the S/H OpAmp is loaded by
a predominantly capacitive load, thus this test setup gives us the capability of
examining the "in use" S/H OpAmp for marginal phase margins assoicated with
either a ringing effect in the step response, or possibly even oscillations. This
aspect of the S/H OpAmp is difficult to measure with the stand-a 'one OpAmp
since it is difficult to control this load capacitance, as discussed in Section 5.15.

(b) With the SampleBar superimposed on V,, visually compare the instanteous value
of V1 t) at the instances the rising edge of SampleBar crosses OV, with the corre-
sponding sampled value V,. These two values should tightly track each other over
the complete signal swing. Check for any obvious offset or gain errors between
these two instanteous values.

(c) To determine the range of operation, increase the the input amplitude, until an
appreciable distortion between the sampled output V and the theoretical time-
sampled input V becomes apparent. The expected range of operation is ±2V.

(d) Increase the input frequency and sample frequency until the sampled value V.
quits tracking the input waveform. No severe limitations should be observable
for frequencies less than 1MHz. Above this frequency, the instrumentation is of
question. Note the sample frequency f, can not be increased much above 1MHz,
because the sampled output signal must be brought external and the associated
transients must have ample time to die out. This test is very subjective but some
insight may be gained.

(e) Remove the input signal from channel-A of the oscilloscope and replace with
the other sampled output waveform. Now by subtracting trace A from trace
B, the two sample/holds can be compared for basic match characteristics. The
two signals should be almost identical. Look for offset problems characterized
by a DC shift in the subtracted sampled values; gain problems characterized

0 5.13-11



by the subtracted waveform still slightly tracking the orignal input waveform;
and/or timing-jitter problems characterized by randomly varying spikes near the
sampling transition.

(2) DC Characterization - Once again tie the two input signals v,/zc and v,/Rep to-
gether and attach an accurate DC voltage source, and DVOM to this input, as show-I
in Fig. 5.13-7. Connect a pulse generator of frequency f, to the SampleBar pin. Now
with this test setup, the output waveform should be a pulse waveform jumping between
the DC reference and ground.

(a) Vary the DC reference between ±SV and record the associated sampled output
voltage for both of the outputs. These measurements should be concentrated
between -2V and +2V.

(b) Decrease the sampling rate to very low-frequency and measure the slope of the
sampled output voltage, Vo. The sampled output should droop because of the
charge on the S/H leaking off of the hold-capacitor.

(3) Dynamic Characterization - Once again tie the two inputs together and input a
triangle wave of amplitude ±2.5V. Connect one of the outputs to an external A/D
with references set at exactly ±2V, and with the digital output word connected to
data collection hardware as shown in Fig. 5.13-8. Also shown here is the SampleBar
pin driven by a pseudo random pulse generator. The basic idea of this test structure
is that for an ideal sample/hold and test setup, the prolbbility distribution function
of the quantized samples is uniformly distributed except at the end points. Thus for a
series of independent random samples, the histogram of number of samples collected
for a specific digital word, should be ideally fiat. Any deviation from this can then
be attributed to differential linearity problems of the S/H under test. This concept
is illustrated in Fig. 5.13-9. For more information on this dynamic characterization
technique, see 15.13-1]. The exact specifics of this test setup will be divulged at a
later date.

(4) Application Specific Performance Detector Testing - In this test, the Performance
Detector should be used to measure a known transfer function, via the discrete-time
sampling algorithm, discussed in Section 2.2.1.1. The specifics of this test setup, will
be discussed at a later date.

Experimental Results:

This structure is still being tested, but the results so far indicate the design is opera-
tional as detailed below. A minor layout error was also detected. This error was that pin
9 (1i..It.sp) of the S/11-2 test cell (MOSIS ID: 23537) was not connected; and thus only 0
the excitation S/H is operational on this test vehicle. This is not severe problem, since this
Performance Detector was repeated on the DCASP-2 test structure (MOSIS ID: 23496),
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Fig. .5.13-7. S/H-2 DC characterization test setup.

* 5.13-13



2.5 ~S/H> / O NColcr
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but requires a digital controller to configure DCASP-2 to patch externally provided excita-
tion and response signals directly to the Performance Detector. This complicates testing,
but should not impede characterization.

To date, only the functional test (item (1) of the Test Plan) has been completed. In
the functional test the following results can be reported.

(1) Based upon simulation results as summarized in Table 2.2-21 and the preliminary test
results presented in Section 5.15, the high-frequency S/H OpAmp is borderline stable
with a predicted 180 phase margin. The results seen thus far implies that indeed the
OpAmp is stable, but borderline, as supported by the following observations.

(a) In the track mode, there was no observable oscillation on the output of the
OpAmp.

(b) The step response generated by the sharp transition to hold mode, exhibited a
definite ringing effect, indicating a low phase margin.

(c) The sample and held outputs correlated with the original input excitation signal,
and thus indicating that the current OpAmp design did not inhibit the low-
frequency operation of the S/H.

These results will be quantified when a low-capacitance high input-impedance active
probe is made available.

(2) The digital control logic is operational since it is obvious that the Sample/Hold
switches between track mode, where the output of the OpAmp is near zero, and
hold mode, where the output voltage is approximately the sample and held voltage of
the input signal at a given time instance.

(3) The analog portion of the S/H seems to be operational based upon the following
observations.

(a) For a DC input signal the amplitude of the sampled output signal closely approx-
imated the amplitude of the input signal.

(b) The sampled output signal showed no appreciable errors in sampling an input
voltage between ±2V.

(c) Based upon visual inspection and for a sample frequency much larger than the
input signal frequency the linear interpolation between sample points nearly ap-
proximated the input signal.

These preliminary results shown here, by no means accurately characterize the Per-
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5.14 Single S/H-s test cell

Name: S/H-3
MOSIS ID: 23537
Fab. ID: M76LJG-3
Technology: CBPE - MOSIS 3/Mm CMOS double-poly p-well process
Fabricated: July - August 1987
Chip Size: 2300Mm x 340 0Mm (7.82mm 2)
Active Area: 1825pm x 29Osm (0.53mm 2)
Number of Pads: 14
Packaging: 28 pin package
Status: Currently being tested.

Purpose:

This test cell contains a single Sample/Hold-3 cell as discussed in Section 2.2.2.3d. The
purpose of this test chip is to dynamically characterize the performance and performance
limitations of the S/H-3 architecture and its associated physical design and to accurately
sample high-frequency large-amplitude signals in the presences of circuit non-idealities.
The performance of this archeticture will be compared to that of test cell S/H-2, as
discussed in Section 5.13.

Description:

The pin-outs and die photograph for this test cell are shown in Figs. 5.14-la and
5.14-lb. This structure requires four bias voltages and two bias currents as follows:

(1) VDD = +5V (2) Bulk = +5V
(3) Vss = -5V (4) Gnd = OV
(5) Ibia 1 = 1 00MA (6) hbtaa - 2 = lOOMA

The analog input signal, v, is sampled on the rising edge of the trigger signal, SampleBar
with its corresponding sample and held output signal then provided on vo pin. The cat is
the calibration signal, as described in Section 2.2.2.3d, and should be pulsed prior to each
sampling, with a pulse width of 1-10Isec. The block diagram for this test-circuit is shown

* in Fig. 5.14-2.

The control logic for this test cell is shown in Fig. 5.14-3 with its associated devices
sizes listed in Table 5.14-1. The contents of the single sample and hold block are discussed
in Section 2.2.2.3d and the associated circuit schematic, timing diagram and equivalent

* circuits appears in Fig. 5.14-4.

The purpose of the control logic circuitry is to generate the Track, Hold and Sample

signals which control the analog switches of the S/H-3 circuit, as shown in the timing
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Fig. 5.14-1a. Pin-outs for S/H-s test vehicles.
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Fig. .5.14-lb. Die photograph of S/H test cell containing a single S/H-3 cell as

shown in the right-hand portion of the photograph.
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Table 5 14-1. Devices sizes for S/H-3 control logic of Fig. 5.14-3.

P-channel N-channel
Device w L w L

Io 15Mm 314m 7pm 4Mm

G____ 15Am 314m l5,um 3pm

12 Thn 7jm 71pm 41pm
13 1 51m 3Mm 7pum 4Mm

14 15jpm 3Mm 7Am 4Mm

Gs 45,um 3gm 14Mm 4pum

16 30Mm 3pm 141Mm 4p~m
17 3Opm 3pm l4Am 4p~m

GS___ 4SAm 31Mm l4p~m 4m
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diagram of Fig. 5.14-4, such that

Sample d=O Sam pleBar + Cal

Track d=O Trackoiwd Cal = Sample Cal (5.14 - 1)
dot

Hold = Holdld " C =Sample. Cal

Test Plan:

This circuit will undergo functionality tests, DC characterization and dynamic char-

acterization, much like that described in Section 5.13, of this report. •

Experimental Results:

Because of a layout error, this chip is currently non-functional. Pin 26 (Ibi ,-2) of the
S/H-3 test cell (MOSIS ID: 23537) was not connected; and thus only by probing the chip
and externally providing this bias current can this cell be tested. There is 75% probability
of being able to successfully probe this chip. This archeticture has been resubmitted for
fabrication as described in Section 5.18.

After this circuit was resubmitted for fabrication, a second design or layout error was •
discovered, in which the internal signal Sample was unintentionally inverted. This error
implies that the track and hold analog switches will be out of phase with the sampling
analog switch, resulting in this circuit being non-operational. Laser-repair, probing and
other repair techniques would be of no avail. A third submission will be made when silicon
resources are available. •

5
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5.15 High-Frequency S/H OpAmp

Name: S/H OpAmp
MOSIS ID: 23537
Fab. ID: M76LJG-3
Technology: CBPE - MOSIS 3jsm CMOS double-poly p-well process
Fabricated: July - August 1987
Chip Size: 2300Am x 3400Mm (7.82mm 2)
Active Area: 51514m x 23 5Mm (0.12mm 2)
Number of Pads: 7
Packaging: 28 pin package
Status: Currently being tested.

Purpose:

This test cell is the S/H high-frequency OpAmp as documented in Fig. 5.15-1 and
Table 5.15-1, and described in Section 2.2.2.3e. The overall limitations of the Performance
Detector archeticture depends on the performance of this challenging OpAmp design, which
will be characterized by this test vehicle.

The primary characteristics of interest are bandwidth, phase margin and open loop
gain, which are critical to the high-frequency operation of the sample and holds. Also
the slew rate, dynamic ±eange, offset voltage, settling time, and percent overshoot will be
estimated from experimental results.

Description:

* This test vehicle with pin-outs and die photograph shown in Figs. 5.15-2a and 5.15-2b
requires three bias voltages, VDD = +SV, Vss -5V, Bulk = +5V and one bias current,
Ibia = 100tA. The differential inputs are V + and V-, and the corresponding output is
Vo. V, is typically loaded by an external load capacitor and any parasitic capaciatance
associated with the packaging and/ or test configuration. The parasitics typically dominate

* the loading with typical parasitic capacitative loads anywhere in the range of 1 - 20pF,
depending on the specific test setup. The phase margin and the OpAmp stability depend
on the capacitative loading seen by the output stage. The OpAmp was designed to be
unity gain stable with a total capacitance load of 5 - 6pF. In this OpAmp design, the
parasitic poles and zeros are in close approximity to each other thus making the phase
margin quite sensitive to small changes in either the parasitic pole or zero locations.

Test Plan:

(1) Functional Test - The purpose of this test is to determine if the OpAmp is oper-
ational, to determine if the structure is unity gain stable and to make preliminary
measurements of the 3dB bandwidth, open-loop gain and offset voltage.
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Fig. 5.15-1. S/H OpAmp circuit schematic.



0 Table 5.15-1. S/H OpAxnp devicei sizes for Fig. 5.15-1.

SIZE SIZE
DEVICE W L DEVICE W L

Mil I M12  174js 3As Mb,, Mb.,, Mb, 741& 3A.
Md1, 7Md2  3OOju 3,u Mb,, 30.L 3Ai

Mml 1 MM2 , Mb. 100,u 314 M66 . Mb, '.5/S 3/S

* M 3, Mm4, Mb7  2514 3/SMA 498/S 3/S
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Fig. 5.15-2a. S/H high-frequency OpAmp pin-outs.



O I

Fig. 5.15-2b. Die photograph of S/H test cell containing a single S/H OpAmnp as
shown in the upper left-hand portion of the photograph.
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(a) Open-Loop Test - Configure the OpAmp as shown in Fig. 5.15-3, with an
effective load capacitance near 5pF. Input a low frequency sinusoid, and adjust
the DC voltage source, Voffet, to cancel any noticable DC offset voltages present
on the output of the OpAmp. This DC value corresponds to the DC offset voltage
of the OpAmp. Measure the open-loop gain and slowly increase the excitation
frequency until the output amplitude drops 3dB. Record this frequency as the
open-loop 3dB bandwidth for the V + input.

Switch the input signal and the offset voltage cancellation source, and repeat the
open-loop test above for the V- input.

(b) Close-Loop Test - Configure the OpAmp in the unity gain mode with the test
configuration shown in Fig. 5.15-4. Ground the input signal, Vi, and check for
possible oscillation present on the output signal, Vo. This tests for unity-gain
stability. If no oscillation is present, the step-response will serve as a quick check
for phase margin. Marginal phase margin will be characterized by se iere ringing
in the output at each step excitation.

(2) Parasitic Load Capacitance Measurement - This OpAmp has been designed so that
the slew rate is essentially determined by the total load capacitance, Ct, where Ct
includes parasitic device and instrumentation capacitances as well as any external load
capacitance. The slew rate is related to Ct by the expression

SR k - (5.15- 1)

where k is a constant characteristic of the OpAmp. Our goal in this measurement is to
determine CL, the parasitic and instrumentation load capacitance. To determine CL,
configure the OpAmp in the open-loop configuration shown in Fig. 5.15-3. Apply a
square wave to the plus terminal of the OpAmp and measure the slew-rate SR 20 with
a load capaitance of CL + 20pF (e.g., a 20pF capacitor is added to the output) on the
output. Repeat the slew rate measurements with a load capacitance of CL + 5OpF to
yield SR50 .

From (5.15-1), it follows that

SR 20 = k
CL + 20pF (5.15 - 2)

S Rso = k
CL + 5OpF

The simultaneous solution of these two equations with two unknowns (k and CL) yields
the parasitic load and instrumentation capacitance

50SRso - 2 0SR20 F (5.15-3)
SR 2 0- 0  (5.5-
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Fig. 5.15-3. Open-Loop test configuration for the S/H OpAmp.
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The load capacitance dominance of the SR as expressed in (5.15-1) can be verified
by adding a different load capacitance and verifying (5.15-i) remains valid with the
values for k and CL determined from solving the equations in (5.15-2).

(3) Frequency Response - With the total effective load capacitance set at near the design
value of 6pF, the open-loop frequency response for the OpAmp can be measured via
the test configuration shown in Fig. 5.15-3. In this configuration we wish to measure
the following items:

(a) gain/phase BODE plot for both V+ and V- inputs,
(b) DC open-loop gain for both input signals, (V+ and V-),

* (c) open-loop 3dB bandwidth for both V+ and V- inputs,
(d) gain and phase margin
(e) DC input offset-voltage.

(4) Step Response - Configure the OpAmp in the closed loop test configuration, shown
in Fig. 5.15-3. Note that in this configuration, the load capacitance has been slightly
increased with the addition of the input and parasitic capacitance associated with the
V- input terminal. This additional capacitance should be minimized if possible. In
this test setup, we wish to place a square wave function generator on the input Vi and
measure the following characteristics:

(a) slew rate - the slope of the output waveform at or near the zero crossing for
both rising and falling transistions,

(b) the time required to settle within 1% of the final value, and
(c) the percent overshoot of the output waveform relative to its final value.

(5) Noise Measurements - Ground both inputs and measure the rms noise voltage present
on the output node, V, as a function of frequency, via the HP Spectrum Analyizer.
Project (reference) these measurements back to the input by dividing by the average
of the DC open-loop gain for V+ and that for V- of the OpAmp, as measured in

* item (3b) above. Extract from this data the following characterisitcs:

(a) . corner frequency, and
(b) the thermal or white rms voltage noise floor.

• (6) Power Supply Rejection Ratio - Place the amplifier in the closed-loop configuration
shown in Fig. 5.15-3. Ground V and inject an input signal generated by a Spectrum
Analyzer connected in series with VDD. Record the frequency response of V on the
Spectrum Analyzer, which corresponds to ' Repeat the above measurement forPSRJ?

VSS

The following standard characterization parameters can be readily determined from
these measurements.
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(a) the DC PSRR for both power supplies, and
(b) the corner frequnecy at which the PSRR starts to roll off.

Experimental Results:

This test structure is still being tested, but the preliminary results thus far indicate
the design is functional. The functional test has been completed with the following results.

(1) With a large-capacitive load, the open-loop amplifier had a DC open-loop gain of
approximately 50, as expected. The amplifier gain started rolling off around 20MHz.
This was a slightly lower frequency than expected because the pole location due to
the gn of the output stage and the load capacitance was decreased by the additional
capacitative loading placed on the output. The load capacitance consisted primarily of
the parasitic packaging capacitance (- lpF) and the probe capacitance (: 10- 15pF).
The proto board capacitance (- 4-5pF) was minimized by bending the output pin up
away from the proto board, and soldering it to a test lead. The total load capacitance
was thus in the 5 - 6pF range.

(2) The closed-loop unity gain configuration oscillated at approximately 20 - 22MHz.
This oscillation was expected because of the large load capacitance associated with in-
strumentation parasitics. Since the unity gain configuration places the most stringent
requirements on phase margin, the phase margin at higher gains will be investigated.

(3) Since the stability of this amplifier is in question, in particular when it is applied to
the S/H application and has the intended load capacitance, the S/H-2 design was
tested where results showed some ringing, but no oscillation. For more information
on this test, see Section 5.13.

(4) The input offset voltage was measured around 10 - 15mV.

Additional detailed characterization of this Operational Amplifier will be undertaken
in the future.
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5.16 Performance Detector - Subcomponent Linearities

Name: Test-Devices
MOSIS ID: 23625
Fab. ID: M770BH--4
Technology: CBPM - MOSIS 3p m CMOS double-metal p-well process
Fabricated: July - August 1987
Chip Size: 12301im x 1650pum (2.03mm 2 )
Active Area: 600pm x 1100pIm (0.66mm2 )
Number of Pads: 17
Packaging: 28 pin package
Status: Fabricated aw.iting testing.

Purpose:

This test chip will be used to characterize both the nonlinearities in the on-resistance
of n-channel and p-channel MOSFETs used for switching as a function of the channel
width, and the nonlinearities associated with the parasitic n+-diffusion and p+-diffusion
capacitors. The underlying motivation is to track system level nonlinearities associated
with the biquad and sample/hold circuits back to process dependent parasitic nonlinear-
ities and thus predict the overall perormance limitations of the various architectures as
a function of their nonlinear distortion. For example, the single OpAmp sample/hold
ircuit's sampling error is very sensitive to nonlinearities induced by the analog switches

through both the nonlinearities of the on-resistance and parasitic diffusion capacitors asso-
ciated with the switches. For more information on performance limitations due to intrinsic
nonlinearities, see the biquad and sample/hold design discussions.

S
Also contained on this chip is a p+/n+ and a p-/n + lateral diode, with the intentions

of characterizing the DC and high frequency performance of these devices. The MOSIS
process specifications [30] do not describe nor provide the appropriate simulation infor-
mation for these devices, thus the data collected from these test devices will be used in

* designing future generations of performance detectors such as peak detectors and the more
classical sample/hold structures.

Description:

* The pin-outs, die photograph and basic floor-plan for this test chip is shown in
Fig. 5.16-1a, -lb and 5.16-2 respectively. The main test cell can be divide into three
independent test blocks, MOSFET, diffusion capacitor and diode test cells. Complete
circuit schematics for these three test cells are shown in Fig. 5.16-3.

* The MOSFET test cell consists of three n-channel and three p-channel MOSFETs
configured to allow for individual testing of each device. The channel widths of all six
devices were set at 1000pIm each, so that the packaging and external load capacitance
wculd not greatly hinder high frequency characterization of these devices. The channel
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Fig. 5.16-1a. Pin-out for the nonlinear devices test cell.

Fig. 5.16-lb. Die photograph of nonlinear test devices.
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lengths were varied between 3 am, 6pm and 12Mim, to ascertain information about nonlinear
distortion as a function of short-channel effects.

The capacitor test cell consists of an n+-diffusion and a p+-diffusion capacitor, each
4 0 0 m x 400srn or - 33pF. These capacitors are large enough that the probe capacitance
will not be dominant.

The diode test cell consists of a p /n+ lateral diode 400Mm long by the e.iffusion
depth tall, and a p-/n + lateral diodes 40 0Mm long by 2 times the diffusion depth plus
4Mm, as illustrated by the cross-sectional sketches shown in Fig. 5.16-4 represents the
physical process driven layout of the lateral devices. These large device sizes allow for high
frequency testing of the test devices without requiring on-chip buffering. The p+ diffusions
on the p-/n+ diodes are included to maintain good electrical contact to the p--well.

Test Plan:

MOSFET Cell

With each MOSFET biased "on" with a ±5V power supply, the small signal impedance
modeling the device's on-resistance will be measured using the LF Impedance Analyzer,
HP4192A t at 100kHz, 1MHz and 5MHz with a DC-offset between varied between -2V
and +2V in increments of 0.05V. This instrument has the capabilities of automatically
measuring the small-signal impedance of a two-port test device at selected frequencies
and DC-offsets. This in-trumentation is controlled by a HP-Vectra through an IEEE 488
bus.

Capacitor Cell

The small signal capacitance of each diffusion capacitor will be measured using the
• same test setup as described above at 100kHz, 1MHz and 5MHz with a reverse bias

varied between -3V and -7V in increments of 0.05V.

The DC I-V characteristics and the AC characteristics (e.g., turn off speed, charge
feed-through effects, and other basic model parameters) for the lateral diodes will be

* measured next year, A more detail test plan for these devices will be supplied at that time.

Experimental Results:

No results are available at this time.

t The specifications describing the HP4192A capabilities are included in Appendix-C
of this document.
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5.17 Performance Detector based upon S/H-I with modified OpAmp

Name: S/H-2 w/ zero
MOSIS ID: 23983
Fab. ID: M79YDD2-1
Technology: CBPE - MOSIS 3M4m CMOS double-poly p-well process
Fabricated: September - October 1987
Chip Size: 2300pum x 34001im (7.82mm 2)
Active Area: 235iMm x 1940Mum (.45mm2)
Number of Pads: 11
Packaging: 28 in package
Status: Currently being fabricated.

Purpose:

This test vehicle will be used to dynamically characterize the performance and per-
formance limitations of the S/H-2 based Performance Detector architecture incorporating
a more stable Operational Amplifier design, to accurately sample high-frequency large-
amplitude signals in the presences of circuit non-idealities, st ch as switch feed-through,
voltage dependent switch "on" resistance, statistical process variation, etc..

Description:

The circuit schematic, pin-out and block diagram of this test structure, is identical
to the S/H-2 test structure presented in Section 5.13 of this report, with two exceptions:
(1) a more stable OpAmp design was substituted for the original design; (2) the layout
error, where b,.°/Resap was not connected to the bonding pad, was corrected. The cir-
cuit schematic and a detailed description of this modified OpAmp design is discussed in
Section 5.19.

Test Plan:

* The same test procedure will be used for this test vehicle as was outlined in Section
5.13.

Experimental Results:

* No experimental results are available at this time, circuit under fabrication.
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5.18 Single S/H-3 test cell with modified Opamp

0 Name: S/H-3 w/ zero
MOSIS ID: 23983
Fab. ID: M79YDD2-1
Technology: CBPE - MOSIS 3gsm CMOS double-poly p-well process
Fabricated: September - October 1987
Chip Size: 23O0#m x 340014m (7.82mm 2)
Active Area: 1825pm x 290um (0.53mm2 )
Number of Pads: 14
Packaging: 28 pin package
Status: Currently being fabricated.

Purpose:

This test cell contains a single Sample/Hold-3 cell as discussed in Section 2.2.2.3d
0 and 5.14, with a more stable OpAmp design incorporated. The purpose of this test chip

is to dynamically characterize the performance and performance limitations of the S/H-3
architecture and its associated physical design and to accurately sample high-frequency
large-amplitude signals in the presences of circuit non-idealities. The performance of this
archeticture will be compared to the test cell S/H-2, as discussed in Section 5.17.

Description:

The circuit schematic, pin-out and block diagram of this test structure, are identical
to those of the S/H-3 test structure presented in Section 5.14 of this report with two

* exceptions: (1) a more stable OpAmp design was substituted for the original design; (2)
the layout error, where i,..-2 (the bias current for the 2 nd OpAmp referred as simply i&,..

in Fig. 5.19-1) was not connected to the bonding pad, was corrected. The circuit schematic
and a detailed description of this modified OpAmp design appear in Section 5.19.

• Test Plan:

The same test procedure will be used for this test vehicle as was outlined in Section
5.14.

• Experimental Results:

A design/layout error was discovered in the control logic, as discussed in Section 5.14.
This error will render this test vehicle non-operational. Additional testing will not be
performed on this chip.

* 5.18-1



5.19 High-Frequency S/H OpAmp with added zero

Name: S/H OpAmp w/ zero
MOSIS ID: 23983
Fab. ID: M79YDD2-1
Technology: CBPE - MOSIS 3Am CMOS double-poly p-well process
Fabricated: September - October 1987
Chip Size: 2300 m x 34001&m (7.82mm2 )
Active Area: 515m x 23 5Mm (0.12mm2)
Number of Pads: 5
Packaging: 28 pin package
Status: Currently being fabricated.

Purpose:

This test cell is the S/H high-frequency OpAmp. The compensation of this OpAmp
* differs from that of its predecessor discussed in Sec. 5.15 in that a single additional zero

has been added to the gain function, as described in Section 2.2.2.3f. The circuit schematic
is shown in Fig. 5.19-1 with associated device sizes contained in Table 5.15-1, and with
C. = 1.37pF. The overall limitations of the Performance Detector archeticture depend on
the performance of this OpAmp which will be characterized by this test vehicle.

The primary characteristics of interest are bandwidth, phase margin and open loop
gain, which are critical to the high-frequency operation of the sample and holds. Especially
of interest is the comparison of the frequency response and corresponding phase margin
achieved by adding a zero to the gain function of the previous design and test structure

• discussed in Section 5.15.

Description:

The circuit schematic, pin-out and block diagram of this test structure, is identical to
• the S/H-OpAmp test structure presented in Section 5.15 of this report, with one exception:

a more stable OpAmp design of Fig 5.19-1 was substituted for the original design.

Test Plan:

* The same test procedure will be used for this test vehicle as was outlined in Sec-
tion 5.15.

Experimental Results:

No expe'imental results are available at this time; circuit in fabrication.
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6.0 SUMMARY

In the initial phase of this project, a design methodology for designing precision high-
frequency monolithic continuous-time signal processors was introduced. These structures
are comprised of an analog digitally controlled signal processing path along with perfor-
mance monitoring and control circuitry. Local intelligence is used to dynamically tune
the signal path thus yielding circuits which are inherently insensitive to the major techno-
logical limitations plaguing linear IC designers, namely;nominal and statistical parameter
variations, passive and active component matching, temperature variations, aging and
parasitics. These structures are termed Digitally Controlled Analog Signal Processors
(DCASP). Major emphasis this year has been placed upon designing and testing circuit
structures serve as subcomponents in the overall DCASP architecture.

One major accomplishment this year was in the design and fabrication of a con-
trolled signal processor. A preliminary version of this circuit was designed and reported
on last year. In addition to minor design errors which rendered this circuit only partially

* functional, neither the resolution nor the adjustment range of this circuit were consid-
ered acceptable. The new structure, termed DCASP-2, was designed to have over three
decades of center frequency adjustment and over three decades of bandwidth adjustment.
The frequency and bandwidth adjustment range goes from approximately 2Khz to 2M hz.
Resolution in the center frequency over this range is to 0.5% or better and bandwidth

• resolution is to 1% or better. The circuit is totally electrically reconfigurable and pro-
grammable and is capable of realizing any transfer function within the specified parameter
adjustment range up to 6th order. The circuit was designed in a standard 3u double
polysilicon CMOS process and fabricated in industry. The basic functionality, reconfig-
urability, wide adjustment range and fine resolution have been experimentally verified.

* Detailed dynamic testing of this structure is ongoing.

Significant advances in the design of operational transconductance amplifiers (OTAs)
was also made. These circuits are used as the active elements in the controlled signal
processor because of their inherent wide bandwidth and practical programmability. Struc-

* tures which have over two decade adjustment range in gain (gin) with resolution to 1%
were designed, fabricated and tested. These structures achieve fine resolution through pro-
gra mability of the tail voltage on the differential input stage and wide adjustment range
through switch selection of output current mirror gain. Fabrication of these structures was
also in a standard 3u CMOS process.

Progress was also made on the desiga of the performance detector. Three different
performance detector architectures were investigated. These are all based upon a high
speed sample and hold structure followed by a slower precision A/D converter. This
approach was selected because of the performance advantages which can be achieved with

• slower A/D converter design. Major emphasis was placed on the design of the sample and
hold architecture since design methodologies for precision slow speed A/D converters are
well developed. Different sample and hold structures have been designed and fabricated
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in a 3u CMOS process. Results of preliminary testing of these structures are presented in
Section 5 of this report. More extensive dynamic testing is ongoing.

The tuning algorithm was also investigated. The tuning problem has been divided
into two parts. The first part involves measuring the performance of an existing filter
structure and the second is the actual tuning itself. Several different parameter mea-
surement algorithms were investigated. Both transfer function magnitude measurements
and performance parameter extraction from these measurements were addressed. Con-
sideration of the effects of noise, measurement errors (e.g. nonlinearities , rounding and
quantization) and the number of functional evaluations needed were made. One magni-
tude measurement method requiring only three A/D conversions per sample magnitude
measurement was introduced. This simple algorithm is very fast but is sensitive to errors
in the data converter and noise. A curve fitting algorithm based upon a large number
of A/D conversions was also investigated which proves to be more tolerant to inaccurate
converter outputs. Several methods of extracting relevant characterization parameters
from the magnitude measurements have been investigated. One which is discussed in this

• report which performs quite well is based upon using a spline function to fit to the mea-
sured transfer function magnitudes. In the absence of measurement errors this algorithm
performs very well although the number of required functional evaluations is a little larger
than desired. Another method which has fewer functional evaluations and which is more
robust is currently under evaluation.

Twenty circuit test structures were also designed and fabricated in a 3u CMOS pro-
cess. These test structures serve as subcomponents in the basic building blocks used in the
DCASP architecture. These test structures include D/A converters,operational transcon-
ductance amplifiers, sample and hold circuits, operational amplifiers, digital logic test
structures as well as the controlled signal processor block. Details about the design and
testing of these structures appear in earlier sections of this report.

* 6.0-2



7.0 CONCLUSIONS

Preliminary theoretical and experimental results support the contention that the
DCASP approach offers potential for practical precision monolithic signal processing over
a wide range of frequencies. The flexibility and reconfigurability of the present DCASP
architecture has been experimentally verified. The preliminary CSP circuit itself, in ad-
dition to being reconfigurable and programmable over three decades in frequency,offers
experimentally verified performance specifications in the higher portions of the frequency
spectrum that are near to or beyond the best results reported in the technical literature.
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8.0 RECONMMNDATIONS

Additional investigation of DCASP architectures are needed to determine the ultimate
practical precision and frequency range attainable with this design methodology. This
investigation needs to be made at both theoretical and experimental levels.

Architectures which offer increased flexibility for serving as generic system blocks
should be investigated. These generic structures should positively impact the cost of
developing precision military systems.

Architectures which offer significant reductions in area with only modest reductions
in flexibility should also be investigated. These structures will be less costly in high
volume applications. Control and tuning algorithms need additional investigation. The
bidirectional functional on-chip tuning potential offered by the DCASP architecture has
received minimal attention in the literature.

* Subcomponents needed for the DCASP system must be investigated from a theo-
retical and experimental basis. The ultimate performance potential of DCASP systems is
strongly dependent upon the system subcomponents, namely the CSP and the Performance
Detector.

* Very high frequency circuit structures which can be digitally controlled should be
investigated. Emphasis should be placed upon flexibility, extension of the frequency range
of operation, and improving linearity.

Extension of this approach into the Gallium Arsenide technology to take advantages
* of both improvements in speed and radiation hardness should also be made. To make

this transition,practical access to a generic GaAs process is needed. Two possibilities are
the Rockwell and the MacDonald Douglas pilot lines which were supported by DARPA.
We have established contacts with both groups and currently have processing information
about both processes. Both processes have been focused entirely on digital applications

* and consequently good device models for analog applications have not been developed.
This model development must be addressed initially. Test structures for verifying models
and test structures which will be used in the design of basic functional blocks in the DCASP
architecture must also be designed, fabricated and tested.
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APPENDIX A
0 SPICE Model Parameters

The following is a list of the level 2 SPICE model parameters A-11 as recommended
* by MOSIS for analog design. These parameters were used with versions 2g6 and 3a7 of

SPICE as distributed by Berkeley.

Table A-i. Level 2 SPICE model parameters.

* II Value
Parameter II NMOS T-PM 0 Units

LD 0.281z 0.28g Ti

TOX 500.OE - 10 500.OE - 10 rn
*NSUB 1.OE +16 1.121088E + 14 1/Cm 3

VTO 0.827125 -0.894654 V
KP 3.286649E -05 1.526452E -05 IA/ V 2

GAMMA 1.35960 0.879003 j V"/2

PHI if 0.6 0.6 V
UO 200.0 100.0 CM I/VS

UEXP 1.O1E -03 f 0.15,3441
UCRIT 999000. 16376.5 jV/cm
DELTA 1.24050 1. 9.38311*rVMAX 100000. 100000. J n/
_______ 0.40pz 0.40A. m

LAMBDA___ 1.604983E - 02 4. 708659E - 02 i/V
NS 1 .234795E -;- 12 8.788617E + 11 1/cm 2

* NEFF LOWE -02 1.001E -02 ____

NSS I 0.OE+ 00 0.OE + 00 11/cm 2

TPG 1.0 -1.0
RSH 17 42 Ohmsq.

CGSO 5.2E - 10 4E -10 I F/rn
CGDO I 5.2E - 10 4E - 10 1 F/rn

CJ 4.5E - 4 3.6E - 4 IOhm/lsq.
I MJ 0.5 0.5

CJSW 6.OE - 10 6.OE - 10 F/rn

*WMSW 0 0.33 0.33
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A Fully Balanced CMOS OTA for High requency
Monolithic Flters

K.D. Peterson and R.L. Geiger

Dept. of Electrical Engineering
Texas A&M University

College Station, TX, 77843

ABSTRACT traditional op amp integrator model with comparable ac-
curacy includes 2 high frequency poes. The higher order

A fully balanced CMOS OTA (operational transcon- op amp model contribute more excess phase.
u y alfer)ndesgned MO high foeuiontinuos- Recent op amp designs (cascode and folded-c:'code

,ductance amplifier) designed for high frequency continuous-- op amps) offer significant improvements in high frequency
time filters is described. Computer simulations show the performance, since they have no internal high impedance
OTA has less than .6% nonlinearity cver a +1 V range. The nodes and thus require no separate compensation capac.
transconductance is adjusted using & novel CMOS voltage itor. However, these recent high frequency op amps are
source with an output resistance that is less than 180 11. actually transconductance amplifiers with very large out-
A fully balanced monolithic filter biquad with lowpass and put resistances 1s. As such, these devices are not general
bandpass outputs at 400 kHz shows THD of .30% and .70% purpose op amps, but are rather designed specifically to
respectively, drive capacitive loads. In particular, the capacitive load

itself is used for frequency compensation. These new high
speed op amps are superior choices for applications with

INTRODUCTION low current drive requirements, like switched capacitor cir-
cuits. Traditional op amp RC active filter designs, however,
can not use these new op amps (even with their superior

The continuous-time filter presented in this paper uti- frequency performance) because of their large output resis-
* lizes fully balanced OTA's in a fully balanced filter struc- tance. Monolithic high frequency active filters based upon

ture. The benefits of fully differential (balanced) designs conventional op amps are recognized as impractical due to
have recently been exploited in several switched capaci- both the high frequency op amp limitations and the inabil-
tor filters 11,121. Reported advantages of fully balanced ity to practically and accurately control the passive corn-
structures include improved power supply rejection ratio ponent values.
(PSRR), simpler gain block design, higher signal-to-noise It is our intent to exploit the improved high frequency

* ratio, improved linearity i3j, and less gain-bandwidth in- performance of the OTA in the design of high frequency
duced filter characteristic shifts. These benefits are oh- monolithic filters. Emphasis will be placed upon the de-
tained at the expense of increased silicon area. The tradeoff sign of a high performance general purpose OTA. A block
has proven justifiable in many switched capacitor applica- diagram of a basic fully balanced OTA is shown in Fig. 1.
tions, and should be justifiable in correspondine continuous- The design problem can be decomposed into the deign of
time applications as well. a differential input stage followed by the design of the ap-

Transconductance based gain blocks provide post- fab- propriate current mirrors.
• rication tunability, a superior frequency response, and pos-

sibly an area advantage over the convertional op amp RC
interator.The traditional gain block for low-medium fre INPUT STAGE
quency discrete active filters has been the operational am-
plifier (op amp). For high frequency filter gain blocks, OTA's in active filter structures typically experience
transconductors (OTA's) offer advantages over the tradi- input/output size signals across the OTA inputs fSl. For
tional op amp, which suffers from excess phase. The ir- low distortion and good dynamic range the OTA input
proved performance of the OTA at high frequencies can be must remain linear over a wide input voltage range. This
attributed to the fact that the OTA has no internal high is a problem not encountered in op amp deign since the
impedance nodes. Any excess phase in the OTA is pri- differential input is ideally sero.
marily due to the internal current mirrors [51. In the 100 The circ4it of Fig. 2 is a fully balanced OTA input
kHz - I MHz range the OTA integrator excess phase is circuit. It differs from a conventional source coupled pair
adequately modeled by a single parasitic pole (, I.). A differential amplifier in that the high impedance tail current



mode) lapol. A mnt sofbbal As draiswe l. deal.
currenl, I.,,, is shown In Fi. 1. The OTA does not equir

p channel p channel internal coespeasation like a conveutional op amp, because
mirror mirror there re no Internal high iapedae nods.

Specicatloe of current Mirror almost complete the
' 1 * 1 - 2 I2 OTA design. Consideration is give to the deired output

resistance, curreat matching, frequency mpo.. and to the
-common mode output. The fully balancei Input ste of
scag Fig. 2 is combined with Wileo. p-chanel mirrors and ca

2 code n-channel mirrors to form the OTA of FIg. 3. The
p-channel mirrorwere chosen for their superior frequency

n channel mirror response. Very strict t:1 current gain, (and good frequency
1 2 response) motivated the choke of the a-channel Mirrors.

Fig. 4 shows the % full scale deviation from linear for
I channel mirror both balanced output currents (I+ and I- on Fig. 3). The

OTA is designd for a nominal go, of 12.3gmhm and show a
maximum nonlinearity of .57% over *1 V full scale. Global

Fig. 1. Fully Balanced OTA Block Diagram. parameter shifts and statistical (individual) parameter vai-

ations will cause the fabricated OTA's behavior to devi-

ate slightly from the simulations. Nonlinearity degradation

source has been replaced by a voltage source. Both devices caused by global parameter shifts has been investigated by S
are assumed operating in the saturation region and modeled repeating the initial simulations with ±25% variations in

by Sahs equation: each model parameter. The worst case nonlinearity was for
a 25% decrease in K', when the maximum full scale linear

It = j3(V - V,, - VT)2  (2) deviation became .94%. This large K, variation is outside
the range of acceptable MOSIS fabrication parameters, so
global parameter shifts should cause less severe nonlinear-

12 ---(2 -V. _ V) 2  (3) ity. Statistical deviations were investigated for wont case

where ,3 !X. T and VT is the threshold voltage. The 5 mismatches of ±5% and VT mismatches of ±*2mV. The

differential output is defined as: maximum nonlinearity occured for a 5% P mismatch in theinput devices and was .77%. These simulated values ap-
l=t 12 - h pear a bit pessimistic based on measurements of a recently

= 1 (V 2 - V'1) - 2(VT + V;.)(V2 - Vi)I (4) fabricated OTA with a similar topology.
Modest device mismatches can lead to large common-

If the devices see purely differential input signals (VI mode offsets unless common-mode feedback is used for Q-

-V 2), the output expreion simplifies to: point stabilization (I. The common-mode feedback is pro-
vided by the ME devices on the V., rail.

lo.t = 41(VT + V..)V 2  (5)
CMOS VOLTAGE SOURCE

and the transconductance gain is given be the expression:

The OTA transconductance is controlled by adjust-
om = 20(VT + V..) (6) ment of V, as shown by Eq. 6. The final filter struc-

ture is designed to be readily adaptable to either Master-

With differential inputs, the output current is v purely lin- Slave tuning 171 or digital sensing/control [8]. An adjustable
ear function of the difference mode input voltage, given that CMOS voltage source is used to buffer the tuning struc-
Sah's equation is an accurate model of MOSFET large sig-
nal behavior. Extensive SPICE2G.6 simulations using the0
full MOSIS 3u CMOS models (25 Level 2 parameters) and 11
device sizes listed in Table 1 have validated the excellent
linearity.

OTA STRUCTURE

One of the largely unexplored advantages of OTA's is Vee
their topological and structural simplicity. The previous
section has shown a very simple input stage that produces
a linear output current given balanced (purely differential Fig. 2. Fully Balanced OTA Input Stage.

0.



MAI MA2 HA3 HM A!4 A6

*3 M6126 104

Mil M12

+~ V 

0O

MCI MC2 IC3 NC4

C A M2W 
A W

MDI MD2 MD3 MI4

V V- ME4 V+ MIS
O a 0 0

V
as

Fig. 3. Complete OTA Schematic.

ture control lines from the OTA V.. current requirementi- INTEGRATOR

Fig. 5 shows an adjustable CMOS voltage source. A cur-
rent mirror feedback loop senses V,. and adjusts VG$ of The integrator is the fundamental circuit element in
a wide output device. A small (.36 pf) compensation ca- many filter structures. An OTA integrator is shown in
pacitor is used to keep the output resistance low over a Fig. 6. For high frequency filter applications the devia-
reasonable frequency range and to insure stability. The tions from ideal phase (g0") axe critical. A parasitic pole

* output resistance is nominally 180f. As V.4 varies from 2 decades above the filter critical frequency (40 MHz for
-4.0 V to -2.4 V the voltage source output V.. varies from this filter) will contribute .570 excess phase. This modest
-4.15 V to -2.85 V, giving an OTA gm adjustment range amount of excess phase can cp-se substantial deviations
from 15.4amhos to 8.85ismhos. from the nominal Q and critical frequency gain.

A simple phase compensation scheme obtained by the
addition of a small "resistor' below the OTA integrator
capacitor is shown in Fig. 6. This 'resistor introduces

"*' 2 a phae-lead nero. An external voltage (Vz) sets the gate
+voltage of a grounded n-channel transistor operating in the

ohmic region. The gate voltage can be used to adjust the
Hresistance value and the zero location which offets the ex-

cm phase due to a parasitic pole(s). Since the compen-
sation zero is at a high frequency, the required equivalent

I.

Devices W/L (microns)

MAx 100/6
MBx 10/8

2 Mix 8/60
-2 0 2 MCx 10/8

- MDx 30/S
V - (volts) MEx 14/7

Fig. 4. Nonlinearity in balanced output currents. Table 1. OTA Device Sizes.
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Fig.. OTA Filter Topolog.

V V adj the input devices arie fairly long (W/L - SPv/dop) for op-
eration at 400 klis. Siminlationa show that decreasing the
input device length (L) to achieve lager OTA transconduc-

Fig. 5. CMOS Voltage Source Schemtic. tac provides working designs above I MUz.

resistance is low, and consequently the portion of the signal RZFYRENCES0
voltage appearing across the ohmic device is small. There-
fore, distortion caused by the ohmic device is negligible.
The integrator phase response simulation with C = 16 .96 pf III K. Haieh, P. Gray, D. Seraderowicii, and D. Messe-
Shows negligible phase error at f. = 400 k~s, and leas than schmitt, 'A Low-Noise Chopper-Stabilized Differen-
.250 within an octave of f. for Vs = 1.25 V. tia Switched Capacitor Filtering Technique,* JSSC,

vol. SC-16, pp. 708-715, Dec. 1961.
[21 D. Senderowics, S. Dreyer, J. Huggins, C. tAhimn, and0

FILTER TOPOLOGY C. Labor, 'A Family of Differential NMOS Analog Cir-
cuits for a PCM Codec Filter Chip,* JSSC, vol. SC-i?,

A fully balanced OTA based biquad is shown in Fig. 7. pp. 1014-1023, Dec. 1962.
The topology is similar to that used by the op amp Tow: 13) K. Lee and R. Meyer, 'Low Distortion Switched Ca-
Thomas filter. In the conversion of the Tow-Thomas struc- pacitor Filter Design Techniques,' JSSC, vol. SC-20,
ture the op amp integrator(s) were replaced with OTA in- pp. 1103-1113, Dec. 1985.
tegrators, and the other resistors with OTA's. 141 D. Ribner and M. Copeland, 'Biquad Alternatives for

This filter topology has been simulated with the OTA High-irequency Switched Capacitor Filters,' JSSC,
of Fig. 3, C1 = 16.96pf and C2 = 1.06pf. Because the C~'s vol. SC-20, pp. 1085-1095, Dec. 1985.
are fairly small, calculation of the filter critical frequency 15) M. Milkovic, 'Current Gain High-Frequency CMOS
and Q must include an estimate of the capacitive loading Operational Ampliers,' .ISSC, vol. SC-20, pp. 045-
of C2 by the gate (input) of OTA 3. For Vd, = -3.8 V, 851, Aug. 1985.
=5 V supplies, and a 2 Vp-., input signal; the filter exhibits 181 Rt. Geiger and E. Sinchez, 'Active Filter Design Us-
a 400 kHz center frequency, Q= 3.8, and TED of .30% and ing Operational Transconductance Amplifiers : a Tu-
.70% for the lowpass and bandpass outputs respectively. trt, EECt e.Mgp.2-2 ac 95

Silicon is currently being fabricated to verify this de-. (71 J. Brand and R. Schaumana, 'Temperature-Stabilized
sinadto test design feasibility at higher frequencies. The Active Rt Bandpaas Filters,' Proc. 20th Midwest Syrup.

sign erswl ute ohgerfeuny ndliaios Ckts System., Lubbock, Texas, 1977.
OTA ppers ellsuitd t hiherfreuenc aplictios, 18) J. Fincher and Rt. Geiger, 'Monolithic, Frequency Ref-

erenced, Digitally Self-Tuned Filters,' Proc. 26th Mid-
west Symp. Ckts Systems, Puebla, Mexico, 1983.

V in V

C

Fig. 6. (Compensated) OTA Integrator.
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ZDIL~II~IA3and speclfiatlass of the analog signal procesce can be

established via software Input after silicon procasling 2nd
Many signal processing applications involving contint- paeging me complete. 7Ue structure Is amenable few seg

vuostime input and/or output signals exist. These wp clekn/ef-orcin requirements as well s adaptive
* ~plications ane both linear and nonlinear, vary from low applications. We testing features are ado practical. The

to high frequencies, ad have specilicatlons ranging from structure is applicable fro low frequences to wary high
very lax to very stringent. Monolithic contlnuouswtlme sig- frequecies The DCASP incopatible with and scales
nal processors have largely eluded IC designers for the past with existing VLSI technologies.
decade. This can be attributed primarily to the inability Th n*epaiin" aersplcduote

of eserchrs o slveman ofthenumrou tehnoogial DCASP architecture Itself and on how this architecturechallenges associated with analog signal processing. cnbe -w-: to siutnosy vroete ao eh

Digital signal processing technique have been suc- nkological limitations currently impeding the development
cesfully applied in a very usefl but limited clan o an& of a monolithic real-time eontinuous-tIme signal processing

*log signal processing applications. The digital signal pro- circuits.
cassing techniques have offered Sextibilty and simplicity
but have been accompanied by high system costs and re- Tcnlla bl~g algteI eie
stricted to relatively low frequency and/or zon-real-time TcnogiaChfeesaigte CDsge

0 applications. AMiasing, quantlsation, warping, and algo-
rithimic performoance and sensitivity limitations pose con- Numerous practical limitations; are responsible for se-
tinual challenges. riously limiting the evolution of monolithic analog lnts-

It i wel kowntha moolitic ontnuos-tme na- grated circuit,. The major passive factors limiting the per-
lgiete ciwell tsncwn h a l onoli coiostiaed ana- formance of these circuits are listed in Tab" 1.!.n addition

log intesated crcuits ana poiefsphficinmatned sver to the passive factors, electrical noise of the passive and

a very wide frequency range. This extends from the low aciedveandvceofnarts rhrdtroae
audio range to frequencies well beyond 100 M&a where ________________

conventional circuits such as a simple digital inverter be- 1. Nomina Process Parameter Varans
have much as a bowpae fit. 2. statistical Processo Parameter Spreads-

3. Large Tempeaure CoeScissim
Initially, the major practical lImitations which have 4. Parasitic Resistors and Capacitors

*limited the development of monolithic analog integrated 5. Pssive Component Matching
circuits are identillud and quantilled in this paper. Ex- 6. Active Componet Mathn
isting approaches and their fundamental lmitatio n Table 1. Major Passive Factors Limiting Performanc of

discused.Monolithic Analog C*=cuts

An architecture for a system which Inherently coin- The magnitude of the problem associated with the
pensates for the major factors which have limited the do- limiins of Tble I can be bast appreciate by consider-

* ~~~~velopinent of monolithic continuous-time integrated cir- igtetpclmgiuea hs atr n hi on
cults is introducod. The architecture utilises a precisely blood effects on typ"a system peforancs. For comparn
controllable analog signal path and a sophisticated digi- tive purposes, emphasis will be placed o silicon 1405 pro
tal controller in a control loop and istermed a Diial cusse although simila phenomenon are observed in other
Controlled Analog Signa Processor (DCASP). Within a tehogis
predetermined range, both the functional characteristics
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-. * wMt 41461tisecMPOINent values is shown is 1%- 2. Digital CMU*W aAd Is st te signal W11h, It is IMe neededeotbods of selecting W Amiusable qMuatsedl cOMPOMent gf real-tme oeuaies Simc the ,etus speed hs sy*ito obtoa maximal rosolution lor spedik applltons are cal not rtalk tIM " and csehlims of the omt~in
discussed In %he Mlerature'. "Abe 011 U~n '1hdooft I etwe alodth"l tnin* ~~~compICdt y sa aehile of the DWgta Cestroie Can be

UUS&

Wafring back to the technological lImitationsofTabl
I whic Plague the continuoamstlie IC desiWe, it shoul
be apparent tha I an acceptable tuning strategy can be
developed, and It the CSip as snadest iange a rsoi.

eMStim s that the domain of realizable specilicatlons (hence.
* ' ~fort teMed the tuin domain) intersects with the desired

~~UM spec&ikaiu (henceforth termed the specificatlon domain),
Fig. 2. Possible pole locations In a DCASP based active then the DCASP structure will be Inerntly unfected
filter by nominal process parametr variations, statistia pro

Th Exciter provides an excitation or sequentially, mul- Nwl sPsieadatv ooma acig
Depending on the application, typically only f'.l or V,.1  If temperature changes after the initial trimming, sev-
will be required. The exact value of these references Is Got oral alternative exist for temperature compensation. In
critical but they must be biown and stable. The identifica- those applications where the signal path can be periodi
tion and optimisation problem simnplifies if multiple inputs caIIY '1ntenupted, the CS? structure can be re-calibrated.
(but a fixed single reference) are sequentially applied by The Digital Controller can afr mouitor die temperature
the Exciter. Consideing again the filter example, the Eix- and make on-line corrections based upon nominal temper.

* citer may consist only of a non-pmiision voltage-controlled ature characteristics of the devices. A dual signal path
oscillator (VCO). The Digital Controller is used to "equn- architecture in which the input signal is alternately applied
tially set the Exciter Ci"e, VCO) operating frequency. The to the two paths and in which the un-exited path is of1-lineaexact* frequency of oscillation for each step in the VCO so calibrated is a&so possible.
quence is not critical but can be precisely determined with High Frequency Applicationsa modest amount of circuitry if 1,.f is knowu.

*The Performance Detector is used to measure the per- A ihbqece Ih o2K )fwtc
tfyra o the CS teruitsed Ifpoecierctios attmr te den- niques exist for signal processing on silicon. This can betiof the eceP tetruld ypeicallyn ber qte chaig- attributed primarily to the relative significance of para-of te Prfomane Deectr wuldtypcall bequie cal- sitic capacitances associated with both the passive and ac-lenging. By also identifying the Performance Detector and tive devices as well as with the layout at these frequencies.Exciter, the specifications required for these devices wil As a conisequence, at high frequencies drastic and non-be modest. For algorithmic simplicity, the Perfomnce controllable deaterioation In the characteritic of ampli* ~Detector may afr be made to be tunable by the Digital f tutrsi xeincdrneigte mrci.
Controller. Considering again the Alter eample, the Per- An strctues is eprince rendeng the Smoratcl
formance Detector may be no more than a voltais com- cTin ruous-tm tie cilr W tisc ofreer aCget
parator or a generic analog to digital converter. Nonideal ntso imacveAerinhsfoo y uC
characteristics of the Performance Detector, such as offset It has been demonstrated: tha continuous-time cir-voltages (se a function of common mode input) may be cunts can u rt tmc ihrfeunista hi
identified and/or adjusted by the Digital Controlle. Slew digitalU cutpatTh mal ihe iaonc thi frequnc
rate and hysteresis effects may als be identified or, in some mooiti continuos-time circits is the inability of do-applications, ignored. Apers to precisely control the characteristics of the analog

circuits. To demonstrate the high frequncy performanceThe Digital Controller is used to monitor the perfor- capbilties of continuous-time circuit@, consider the highinance a( the system during the identification or pretune fr~ac bads fer of j. 3. Tis circuit is basi-state. Based upon the output of the Performance Detec- cal4 the cade of thre Idititar inverters configure intor for each excitation supplied by the Exciter, the system a feedback structure
is adjusted to optimally meet the specifications established
for the CSP. The desired specifications must be stored in The frequency response of this circuit as obtained
nonvolatile memory. For high-volume applkations, tuning from a SPICE simuation foe several difernt values of Ialgorithmis may be fixed in hardware. Once tuned, the Dig, and Y' is shown in Fig. 4. In the simulation of this simpli-ital Controller may either power-down or enter a standby fed circuit, the mupleotput current mirmo and buffer
state in which it monitors portions of the system. Since the amOplifiers were asumed ideal, loading capacitr of OIpf

3



ums eoaeted to signal modes, u4d th bdOflM were
aharactesed by parameters of a typ*a so CM4Os P.cm.
A 4c level comtrol Was wsed, to teep the quiesceat mtput
voltage 6ceUteL Poenetial (oadjANUtM the eaatrb-
tieof very high frnqusey circuits via dc control variables
should Ue apparent fromethisample. If a good control

mtrtoatomatleafy adjust the chauateristics of"i
circuitisdvlpdsuhawigt DAPwdeur
of fg1,precision high frequency performance is possible.

5' o~Fig. 4. Simulated Frequency Response for Circuit of Fig.
(a I i C t, , 3forvarousvula *I ad Y(Curve designations are in

TabeO). a) ContBW, Variable ., b) Constant
s 4 f, variale SW

As A - Meh- I et NN I0

Table.MMe . prmtrsfrPos fFg

Fig. 3. Simplified High Frequency w. and Q ControllableTbl2.PrmtsfoP1.OfFg4

Bandpaas Filter

Conclsion RERZ INCES

A new architecture for monolithic continuous-time pre- III E. A. Vittos. -Th. Design of High.Performance Ana.
ciuion signal processing hus been introduced. The archi- log Circuitsaon Digital CMODS Chips, IEEE J. o1 Solid.
tecture employs a tunable nion-precision signal processing State Circuita,vol. SC-20, pp. 6W666, June 196.

path and a digital controller for precisey elcrnial 1J3. L. McCreary, fAttching Properties, and Voltage and
tuning the signal path in the field. The DCASP struc- Ternerature Dependence of MOS Capacitors", IEEE J. of
tures are inherently insensitive to the major technological SolIdState Circuits, Vol. SC-26, pp. 608. 816, Dec. 1981.
limitations plaguing other monolithic continuous-time ap-%
prowace; namely, process variations, proces parameter 131 P. E. Allen and E. Sanches.Sinencio, 'Switched Capac-
spreads, temperature variations, aging, parasitic resistor itor Circuits', Van Nostrand-Rainhold, New York, 1984.

and capacitors as weil as resistor and capacitor matching. [41 R. L Geiger and E. Sinches-Sinencio, 'Active Filter De.
sign Using, pratioa Transconductance Amplifier: A Tu-

The DCASP architecture is ameable to a bost of tin- tonial, IEEE Cir= Wjca Dovieu Map., Vol. 1, pp. 20-32,
ear and son-Ownar signal irocesing appliations Over a March 1985.
wide range of frequencies. It is versatile in that it allows [3 J. Ramires-Anguo, R L. Gelte, and E. Pnches.Sinen-
for post fabrication taylesing of circuit functions and spec- cio, com nnnt Quantisation Electsaon Co stiunous Time
ifications. It can be uwed in adaptive applications. ht is Filters', WrWe. EE Iatemeti~ SP1m1ORum an Circuits
microprocessor compatible and can be configured for self- end System., Vol. 3, pp.1423-l426t Ixoto, Japan, June
testing and self-correctlng operation. .

(61 Rt. L. Geiger, Z. Sinchus-Sineocio, B. Ifevares-Losano
and J. L. Fincher, 'An Architecture for Precision Mono-
lithic Continuouti-Tm Signal Processing', under reviw

for publication in Proe"Adiof elA IEEE.
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A I-MHZ VOLTAGE-CONTROLLED CONTINUOUS-TIMZ
BANDPASS/LOWPASS FILTER USING LINEARIZED CMOS OTAs

A. P. NEDUNGADI and R.L. GEIGER

Dept. of Electrical Engineering. Texas A&M University
College Station, TX, 77S43

ABSTRACT sumed that, at frequencies of interest, the high-frequency
behavior of the OTA can be modelled by a single-pole fre-

The design and implementation of a continuous-time quency dependent transcoeductuce of the form
bandpass lowpasa filter with voltage-controlled center fre-
quency and Q is presented. The circuit uses a linearised #,() - +r (1)
CMOS transconductance element as the basic integrating
block. A voltage-controlled phase-adjusting scheme is em- where g.. is the transconductance value at low frequencies
ployed in the integrator to compensate for excess phase in and r is a high-frequency time constnt. This model is fairly
the transconductance at high frequencies. The fabricated accurate at normal operating frequencies where ,Ja -C r.
filter readily achieves the nominal design-center frequency The resulting transfer function of the integrator is obtained
of I .MHz with Q = 10, and provides output signal swings as
up to 4V7p- with 1 % distortion. A + (

= (1 +,?d) (2

INTRODUCTION where

Recently, there has been considerable interest in the rdC:Wv(VP
* design and implementation of fully mopolithic continuous- V ) (3)

time analog signal-processing circuits 11-31. Such circuits is the small-sigal drain resistance of MP in Fig. 1. In
overcome certain inherent limitations of switched-capacitor the above equation, W and L are, respectively, the chan-
networks arising due to their sampled-data nature (4]. In nel width and length of device MP, while the parameters
particular, the advantages of continuous-time processing /u, C, and VT have their usual significance [5]. Note
become increasingly apparent as operating frequencies are that transistor MP introduce- a high-frequency zero in the
raised well beyond the audio range. A basic requirement transfer function of the integrator. Since rg depends on the
for realizing accurate and stable continuous-time filters is a gate-source voltage Vp, the location of this zero is voltage-
filter block having time-constants that are controllable us- adjustable. The phase lead due to this sero can then be
ing a voltage or current, thereby allowing the realised filter used to compensate for the excess phase lag within the
to be tuned on chip against process and tewrperature vazia- OTA itself. That is, if Vp is adjusted to make Crd = T,
tions. This paper describes the desirn and implementation exact phase compensation is achieved. Assuming that the
of a voltage-tunable filter block capable of realising cut-off initial phase error is not large, the sero frequency req4ired

• frequencies in excess of 1 MHz. The circuit is a second- for compentation is much higher than the unity-gain band-
order bandpass/lowpass structure using a CMOS optra- width of the compensated integrator. Therefor, at fre-
tional transconductance amplifier (OTA) as the baskctive quencies of interest, the signal voltage across the compen-
element. The OTA employs a linearize' input stage which
d)namically adjusts the bias current of a differential pa V
to cancel out nonlinearities of the MOSFETs over a wide + +
input voltage range. A voltage-controlled phase adjusting V I

* scheme is employed in the OTA integrators to compensate
for the excess phase of the OTAs at high frequencies. 2

PHASE COMPINSATED OTA INTEGRATOR

Fig. I shows de schematic diagram of a phase-
compensated integrator using an OTA whose transcoiduc-

* tance g,n is adjustable by a control voltage V¢. It is as- Fig. 1 Phase compensated OTA integrator



t at in

integrator. It emp.loyste ator linearize rncndcac li a 10 UCtaOS OT i 1 38A es.fteelknw

cult (M, - Ms,) which provides a voltage-controlled low. twontepastu hoop aslag the OTA Integrtor of rig, 2 asfrequency transconductance given by the rel-tion a basic buldn block. OTA Duel and g.m lon with ca-
paciton8 C1 and Cz farm the laepatoes, while an add)Sion= K(Vc - V7.) (4) Uioual OTA u provide the requitadleeot to obtai Anilewhere K is a constant dependent on process paraneters slnd q. With as input s~glaJ V the output. Vogp ad Vocpthe geometrea of the input and biasing devices jO). The provide seosad-aede mad-pass ad low-pas reponse is-quantity V9 as a constant bias voltage. Deails of' circuit 5P5ctV5JV. mamnO that jlg v ad 1.1 4: Cr4 in thedesign and the linearization scheme employed are discussed fr t~a, rnge o interest, astra'gtfUorwad aunalyis us-
Ig(1) ad (2) sgy.. t the flowin relation r the badpas

elsewhere 6,7; and are not repeated here. The integrator canter frequency w. ad quality fator Q of the LIlter •in Figl. 2 was fabricated using a standard 3j double-polypwell CMOS process !8J. Fig. 3 depicts the nonlinear- 
0 * , G (I;)ity in the measured i - a' characteristics of' She OTA aspercentage of a 2 V (peak) full-scale value. The observed_nonlinearity is less than 1 % for input voltage in the range O ,(t+q-Crt-Crn 6between -2.4 V and -. 2.4 V. The circuit consumes 10 mW 4( +rg -Cws -C g)()

with the nominal bias values, and exhibits a short-ircuit where03-dB bandwidth of 1,5MHz. 

O--- 7

... V csc,

"* 
V

t S.O 
. .

W II. 5* gv

0 ~ 0 avt

Fig. 3 MeaFured nonline2ity in OTA i - v characterists
for VOde -v = sV, vr -2.sv, Vr I ].75V, V. : o;,
Curve (a) Input V a, V. = O; Curve (b) Input V,, Vs = 0 Fig. 4 Second-order bndpass/OW f Pltrps
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March 31, 1988
APPENDIX C

Instrumentation/Measurement Equipment Specifications

The following is a set of manufactured published equipment specifications for those
pieces of equipment or instrumentation that were required in testing the overall DCASP
architecture and its components. Specifically, the following equipment specifications are
contained in this Appendix.

• Hewlett Packard Spectrum Analyzer, Model 3585A
* Hewlett Packard pA Meter/DC Voltage Source, Model 4140B
* Hewlett Packard LF Impedance Analyzer, Model 4192A
* Tektronix Digital Storage Oscilloscope, Model 468
* Tektronix Oscilloscope, Model 2465
* Hewlett Packard Synthesizer/Function Generator, Model 3325A
* Hewlett Packard Pulse Generator, Model 8082A
* Hewlett Packard 100MHz Universal Counter, Model 5316A
e Hewlett Packard Waveform Recorder, Model 5180A
* Tektronix Digital Multimeter, Model DM 501A
• Tektronix 40MHz Function Generator, Model FG 504

0
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The following is an excerpt of Service Manual - Model 3585A Spec-
trum Analyizer, Vol. 1. Colorado: Hewlett-Packard Company, Aug.

0 1981, pp. 1-5 through 1-10.
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Model 3383A General Information

1 .. Remmded Too Eqvipmet

Equipment required to maintain the Model 3585A is listed in Table 1-2. Other equipment
may be substituted if it meets the requirements listed in the table.

Table 1.1. Specifications

NOTE

* Specifications are guaranteed only when the Auto Calibration is on,
the OVEN REF OUT is connected to the EXT REF IN and the instru-
ment has warmed up at least 20 minutes at the ambient
temperature.

FREOUENCY:
* Mesursmeet Buale

20 Hz to 40.1 MHz

ODiplayed 114
Frequency Span:

0 Hz to 40.1 MHz Settable with 0. 1 Hz resolution
10 Hz to 40 MHz in 1, 2, 5 steps

Accuracy:
-0% +0.2% of Frequency Span setting

Msrker.
* Readout Accuracy:

±0.2% of Frequency Span ± Resolution Bandwidth
Counter Accuracy:

± 0.3 Hz ± 1 x 1 0-7/month of counted frequency for a signal 20 dB greater
than other signals and noise in the resolution bandwidth setting.

* Manual Frequency Accuracy:
± 0. 1 Hz ± 1 x 1 0"/month using the internal reference.

RfNlubesn":
Resolution Bandwidths

* 3 dB bandwidths of 3 Hz to 30 kHz in a 1, 3, 10 sequence
Accuracy

± 20% at the 3 dB points
Selectivity (Shape Factor)
60 dB/3dB < 11: 1

* AMPUTUDE:
mo low
Terminated (50/750) input

-137 dBm to + 30 dBm or equivalent level in dBV or volts
High Impedance 1 MG) input

S31 nV to 22V

0 1-5



Gena Information Model 3583A

TAh I.I. Speeilckatum (Cetd

Vertical Scale:
10 division CRT settable to 10, 5, 2 and 1 dB/division relative to the
Reference Level (which is represented by the top graticule line)

Input Range:
-25 dBm to + 30 dBm in 5 dB steps

Reference Level (relative to Input Ranoo):

Settability
-1OO dB to + 10 dB; 0. 1 dB resolution

Accuracy (at Center Frequency, for Sweep Time 2 2 steps above
auto setting at Manual Frequency, 1 or 2 dB/Div.)

Add 0. 1 dB for auto sweep setting
Add 0.1 dB for 5 or 10 dB/Div.

Terminated (50/750) input
+ 10 dB -50 dB -70 dB -90 dB

±0.4dB ±0.7dB ±.5dB

High Impedance(l MG) input-add to above
20 Hz 10 MHz 40.1 MHz

F -±0.7 dB I ±1.5dB I

Amplitude Linearity (referred to Reference Level):
0 dB -20 dB -50 dB -80 dB -95 dB

±0.3dB I±0.6dB I±1.0dB I±2.0dB]

Frequency Response (referred to center of span):
Terminated (50/750) input ± .5 dB

High Impedance (1 MD) input
20Hz 10 MHz 40.1 MHz

±0.7 dB ±.5dB

Marken.
Amplitude Accuracy:

Center Frequency or Manual frequency at the Reference Level: Use
Reference Level accuracy from + 30 dBm to -115 dBm, add Amplitude
Linearity below -115 dBm.

To Calculate Marker Accuracy:
Terminated (50/750) input

At the Center or Manual Frequency and at the Reference Level - use
Reference Level Accuracy.
At the Center or Manual Frequency and NOT at the Reference Level - add
Reference Level Accuracy and Amplitude Linearity.
NOT at the Center or Manual Frequency and NOT at the Reference Level
- add Reference Level Accuracy, Amplitude Linearity and Frequency
Response.

High Impedance (1 MO) input

Calculate the Marker Accuracy according to the Terminated Input rules
above, then add 1 MO Reference Level Accuracy.

1-6



Model 3583A Geeal Information

TAWo 11. Spoiflcatuoa (C'

INPUT:
skw Inpift0

Terminated (S0/750) input; > 26 dB return loss, DC coupled, BNC connec-
tor. Applied ,c voltage must be s ten times the RANGE setting in volts for
full specification compliance.

High Impedance (1 MO) Input; ± 3% shunted by < 30 pf, BNC connector

* OMaximum Ilput Lenk

Terminated (50/750) input; 13 V peak ac plus dc, relay protected against
overloads to 42 V peak.

High Impedance (1 MO) input; 42 V peak ac plus dc (derate ac by a factor of
two for each octave above 5 MHz).

SExternal Referune Iumut

10 MHz (or subharmonic to 1 MHz), 0 dBm to + 15 dBm/500

Required frequency accuracy, ± 5 x 106. When an external reference is used
the ± 1 x 10"7/month specification on the Counter and Manual frequency
accuracy is replaced by the accuracy of the external reference.

OUTPUT:

Tracking Generator

Level
0 d8m to -11 dBm/500 with a single turn knob, continously variable

Frequency Accuracy
± 1 Hz relative to analyzer tuning

Frequency Response
±0.7 dB

Impedance
* 500; > 14 dB return loss

Probe Peow

+ 15 Vdc, -12.6 Vdc; 150 ma max.
Suitable for powering HP 11 20A Active Probe

External Display
* X, Y: 1 volt full deflection;

Z: < OV to> 2.4 V.

Iecord.r

X Axis: minimum of + 10 Vdc full scale
Y Axis: + 10 Vdc full scale
Z-penlift output (TTL levels)

IF:

350 kHz, -11 dBV to -15 dBV at the reference level

Vids
+ 10 Vdc at the reference level

SFrequency Ilaferom

10.000 MHz ± 1 x 10-7/mo., > + 5 dBm into 500

0 1-7



General Information Model 3M3A

Table 14. Spes~~stle (Cui
OVUAMIC UWt

Spurious Responses: (which includes Image, out of band and harmonic
distortion) referred to a single signal whose amplitude is s RANGE setting and
whose frequency is z ten times the Resolution Bandwidth.

Terminated (50/759) input
< -80 dB

High Impedance (1 MW) input
< -80 dB; except second harmonic distortion, < -70 dB

Intermodulation Distortion: for two signals, each at least 6 dB below the
RANGE setting and separated in frequency by at least 100 Hz, referred to the
larger of the two signals.

Terminated (50/7 50) input
< -80 dB; except 2nd order IM with one or both of the input signals
within the range of 10 MHz to 40 MHz, < -70 dB

High Impedance (1 MG) input
< -70 dB

Residual Responses (no signal at input, -25 dBm Range)
< - 12Od~m

.Lo Feed Through:
< -15 dB with respect to Range

Average Noise Level (-25 dBmn Range), 50/750 input)

* StCOK-.

1300 0

240

-'30

10Hz lCot-Z :-Z ~ 3~- OOKriz 40Mi-z

1 MO input: Below .500 kHz add 12 dB to above.
Average Noise Level at 40 Hz (3 Hz Res. SW) using the Noise Level Key
-123 dBm(1 Hz)

0



Modd 3585A General Information

T"1 1-1. Spedal (Cnft

Trams
Two memories. A and 8, each 1001 data points horizontally by 1024 data
points vertically are displayed on the CRT at a flicker free rate.
Memory A - updated at the rate of the analyzer sweep time.
Memory B - updated by transfer from A (Store A-B).
Max Hold - retains in Memory A the largest signal level at each horizontal point

over successive sweeps.
A-B - updates Memory A with sweep data minus Memory B data at each cor-

responding horizontal point.
Tre Deluetes:
A linear envelope detector is used to obtain video information from the IF
signal. Peak signal excursions between horizontal sweep data points are
retained and displayed at the left-hand data point. This assures that no signal
responses are missed.

SWEEP:
Modst

Continuous, Single or Manual

Trilw.
Free Run, Line, or External

Tine

Resolution: 0.2 sec
Minimum: 0.2 sec
Maximum: Frequency Span/minimum sweep rate limit

The minimum sweep rate limit is:

a 10 kHz Res BW - 10 sec/Hz of Frequency Span or 0.1 Hz/sec
:s 3 kHz Res BW- 200 sec/Hz of Frequency Span or 0.005 Hz/sec

* GENERAL

Envirenental:
Temperature:

Operating 0°C to 55*C
Humidity:

< 95% RH except 300 Hz Res. BW, < 40% RH
Warwup Thn

20 minutes at ambient temperature
Powv Requirements

115 V (+ 11% - 25%), 48-440 Hz
230 V (+ 11% - 18%), 48-66Hz
< 180 watts, 3A max.

39.9 kg (88 Ib)

22.9 cm (9 in) H x 42.6 cm (16.75 in) W x 63.5 cm (25 in) D
Raelet Operatles:

Compatible with IEEE Standard 488-1975 "Standard Digital Interface for
Programmable Instrumentation"

0 1-9



Glealeral information Model 3SS5A

Tabl 1.2. Aroomuded Toot EquIpmet

D Itotn s ltseif 908 Tom 239

Amplitude 0.1 Vrms
Attenustor

variable 10Stop Range: 0* -12006 x -h*p 3550
Variable IdIIStep Range 0* -1206 x -ho- 36C

ses Note I
Bridge.

Directional
S0o Frequency 0 1 40 MHz ho 8 ig 721A
750 Rleturn Los > 38 a a 4r- 8721A

See Notw 2. 3 Directivity t,-40d6 Option 001
Calculator Compatible with -hp 9825A x -hp 9825

Software an I/0
Calculator ROMs I*P*16 antd hp- 9025A it hop 9S210A

Compatie and
*hp 96213A

Filter 9MHz Low Pass See Figure 4.14 x
Frequency Counter Range 5 to 1O MHz a hp- 5328A0

Resolution 0 1 Hz option 0 10
Accuracy i I count,

tSai 0 1O1dav

Frequency Synthesizer FreQ Range 200 HMatod 40 Mliz a ri. 3335A
Amp Range. -10 to 85 d~m
Amplitude Accuracy 0 25 d~m

Frequency Synthesizer Fraq Range I kHz to 33 MHz a a ri 33308
Amplitude Range 25 d~m
Amplitude, Accuracy t 0 4 dIB

Function Generator Frequency I 2kHz h Ip 331 1A
See Note 3 Square Wave 1OOn, rise time

dc ffset i IV
HP.18 a hp 10631

Interconnection
Cables

HP.18h Interface Cable fip 9825A Compatible a hp 98034A
Impedance Matching Frequency 0 1 to 40 MHz -hp. 85428
Network It'00 to 750 VSWR < 1.05
Minimum Loss Pad)
Mixer Double Frequency 0 1 40MHz a hip 10634
Balanced

See Note 3
Oscilloscope Vertical Scale z: 5 mV.Div x hD 1740A

See Note 2 Horizontal Scale a 50 nsec Div I
Power Supply DC Voltage range 0 10 V DC a *hp 6213A

See Note 4
Printer Impact Plotter Capability a *hp 9871A
Summer See Figured4 15 a

Termination
Feedthrough

son 0O 1 ohm I Watt ah fp 11048C
750 aho a .p11094C

Thermal Voltage Frequency 0 1 60MHz h rp- 11051 A
Converter 500.0 5 V Calibration Data IOption 01

See Note 4
Voltage Divider
t0t01 See Figure 47
Terminated in 600

Set Note 4
Voltmeter Digital Full Scale Range tVdC a hp 3456A

See Note 4 Accuracy :0 004%
Resolution 6 Digits
Input Resistance > 1 MQ _____________

111TIS

7Aftriustor must be calibrated byV standards lib Correction faczors of* re
quited for rte Operational Verification Tesrs

2 Roquiltd lot rte Opiforrion VenlItcazion Return Loss Test
3 Required 10, the Semi Automazic Performance Test Return loss Procedure
4 Aequired zo run the Calibrator accuracirpfogram

Hewleri Packard itlace butS
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Hewlett Packard pA Mleter/DC Voltage Source, Model 4140B

The following is an excerpt of Hewlett Packard pA Meter/DC Volt-
age Source, Model 4140OB, Yokogawa-Hewlett-Packard, Ltd. Sept. 1983.



_____- HEWLETT _ _ _ _ _C#~iPAC KARD

OPERATION AND SERVICE MANUAL

MODEL 4140B

pA METER/ DC VOLTAGE SOURCE

SERIAL NUMBERS

This manual applies directiy to instrumnents with
serial numbers prefixed 2034J.

With changes descrbsd In Section V1, this
manua also applies to instruments with seril
numbers prefixed 2129J.

* (CCOPYMIGI4 YOKOGMA-HIdLMflPACKA111. LTD.. 1950
9-1. TAKAKUA-CHO. HACHIOJISHI. TOKYO. JAMN

.Manual Part No. 04140-90021
Microfiche Part No. 04140-90071 Printed: SEP. 1983



setion I 4 iu
Table 1-1

Table 1-1. SpeclfiCations(Sheet I of 7).

Measurement Functions: I-V, C-V and I

1: For independent operations as universal pA Meter/Programmnable Voltage
Source

I-V: I-V characteristic measurement using staircase/ramp wave
C-V: Quasi-Static C-V characteristic measurement using ramp wave

Voltage Source: Two separate sources (VA and ye)

:±lOQV, function generator/prograruable source
:±1OOV, prograiwnable DC voltage source

Function VA VB

I-V 7A I,

Voltage Sweep: Auto (pause available)/Manual

Warm-up Time: 2. 1 hour0

GENERAL

Operating Temperature: 0C to 40*C

Relative Humidity: S. 70% at 40*C

Power: loO/120/220VtlO%, 240V-10%+5%, 48Hz ,. 66Hz, max. 135VA with any option.

Dimensions: 426nvnW x l77nunH x 498mmiD

Weight: Approx. 14.4kg

Accessory Furnished: 16053A Test Leads (1 set), li055A Test Fixture.

1-4



"s1 41406 Section I
Table 1-1

Table 1-1. Specifications(Sheet 2 of 7).

CURRENT MEASUREMENT

Dlsplay: 3-1/2 digit, 99.9% overrange.

Measurement Range: ±O.OOlxl01 2A - ±1.999x1O'2A, 11 ranges, auto/manual range
selection.

Measurement Accuracy/Integration Time:

Range(A) Measurement Integration Time(ms)**
Accuracy* SHORT MED LONG

I'%10"9  ± (0.5 + 2 )
20 80 320

10- 11  ±(5+3) 80 320 1280

0 (5 + 8 ) 160 640 2560

*+(% of rdg + counts), 23*C ± 5*C, 070% humidity, integration time ...LONG,
filter ...ON.

** at 50Hz line frequency (x 5/6 at 60Hz operation).

*** Zero offset is performed.

Voltage Burden: <l0iV at full scale.

Internal Electromotive Force: <l00V at 230C ± 5oC.

Maximum Input:

Hi-Lo (peak value): ±2V at 102 " 10"' A range.±30V at O"  I0 A range.
tl20V at 10- 6 l0- 12 A range.

Lo-Guard: ±200V.

Zero Offset: Cancels leakage current of test leads/fixtures.

Offset Ranges: 0 ,. ±lOOfA.

Trigger: INTIEXT or MAN.

High Speed I Data Output: Outputs current measurement data with max. 4ms inter-vals. (Refer to reference data for accuracy).

Input Terminal: Triaxial BNC (HP Part No.: 1250-0687).

0
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Section I Pdl 41408
Table 1-1

Table 1-1. Speclficatlons(Sheet 3 of 7).

DC VOLTAGE SOURCE (VA AND YB )

Output Mode:

VA:7 Af ,/\Z,=OFF
YB: = ,OFF

Voltage Range: 0 1v ±1O.OOV, 0 '±lOO.OV, 2 ranges (autoranging only).

Max. Current Capacity: lOmnA.

Sweep Control: Auto (pause available)/man., up/down manually available in hold.

Operating Parameters Setting Ranges:

Start/Stop/DC Voltage: 0 + 10. OOV i n 0.01V s teps , 0~ 1l00. OV i n 0. 1V Stelps
Step Voltage: ±0.01V ", ±1O.OOV in 0.01V steps (O.lV step at lOV of absolute

value of output voltage)
Hold Time: 0 N 199.9s in 0.Is steps,O nl999s in Is steps.
Step Delay Time: 0 \, 10.00s in O.Ols steps, 0 -, lOO.Os in O.ls steps.
Ramp Rate (dV/dt): O.OO1V/s "I .OOOV/s in 0.001 V/s steps.

Accuracy: at (WC% 5*C)

Output Voltage (7, Af,
±lOV: ±(0.07% + 110V).

±lOOV: ±(0.09% + 11rny).

Accuracy of Ramp Voltage*:
Ramp Rate: --02 +OjV/) 1- x START Voltage--(V)

+ lO~/s) - HOLD TIME (s) + 2s

±(0.2% ~ lO +8Vs 104X START Voltagie (V)
+ 8O~/s) - HOLD TIME (s) + 2s

-- if absolute setting value for START or STOP Voltage >1OV.

Lieriy + .0003V s 0.01 x START Voltage (V)±J%+RAMP RATE (V/s - AM RATE (V/s) x (HOLD TIME (s) + 2s)%

t{0.2% + O.003V/s 0. 01 x START Vol tage V)
RAMP RATE (V/s ) RAMP RATE (V/s) x (HOLD TIME (s) +~ 2s) %

- - if absolute setting value for START or STOP voltage >lOV.

*:1. Temperature Change: :5. 3.6*C/hour.
2. Time after start of rampz2s.



41404 &dIl 4140B Section I
Table 1-1

Table 1-1. Specificatlons(Sheet 4 of 7).

Start Stop Voltaqe (only for A) , ): 2OmV
(+2O0mV ... >. 1OV of absolute setting value for START or STOP voltage).

Display of Output Voltage (only forf ,IA): ±(0.07% + 16mV)
(±0.09% + l6OnV) .... > 1OV of absolute setting value for START or STOP

voltage).

Step Delay/Hold Time: Accuracy is dependent on accuracy of line frequency
(50Hz or 60Hz).

Current Limit: 10-4A, 103A or IO2 A±lO%.

Output Terminals: .BNC, L-GND.

C-V MEASUREMENT

Calculation Equation ...... C(F) = measured current value (A)/ramp rate (V/s)

Measurement Range: O.OpF nu 199.9pF, 200pF , 1999pF, 2 ranges of Auto range.

% change Display: Capacitance change is displayed as a % of the initial setting
value of Cox (100%).

% Display Range: 0.0% . 199.9%.
Cox Setting Range: O.lpF ', 199.9pF, 200pF nu 1999pF.

Capacitance Calculation Accuracy: Depends on accuracies of both current meas-
urement and linearity of ramp wave
(refer to paragraph 3-53).

Zero Offset: Cancels stray capacitances of test leads/fixtures.

Offset range: 0 " lOOpF.

1-7



Section I 1 41

Table 1-1

Table 1-1. Specifications(Sheet 5 of 7).

OTHER

Analog Output:

Output Data: VA, I and C

Output Voltage:

Output Data Output Voltage (Resolution)

VA -lOV 0 -,. ±l.OOOV (lmV/count)
±0.lV 'U ±lOOV ±1.01 n- ±O.OOV (lOmV/count)

I Full Scale ±5V (5mV/count)

C Full Scale
lOOpF O.5V (O.5mV/count)
10OOpF 5V (5mV/count)

100% (% Display) 5V (5mV/count)

Accuracy: ±(0.5% + 20mV)

Low Pass Filter: OFF, 0.22s t 20% and Is ± 20%0 applied to both VA and I/C
Data Output

Pen Lift Output: TTL low level (<O.8V) during sweep period in I-V/C-V
function

Recorder Scale Output: Upper right/lower left scale output for location
adjustment of recorder

Key VA output I/C output

U.R. Either maximum voltage value Full scale value of
(Upper Right) of START or STOP voltages. (+) plus sign.

L.L. Either minimum voltage value Full scale value of
(Lower Left) of START or STOP voltages. (-) minus sign. OV (OpF)

for C-V measurement.

ZERO OV OV

HP-IB Interface: IEEE 488-1975, ANSI. STANDARD MC 1.1

Interface Functions: Shl AHI T5 L4 SRI RLI DCI DTI

Remotely Controllable Functions: Measurement Function, Current Range, Lower
Limit of Auto Mode, Integration Time, I Trig, Filter, Voltage Sweep Con-
trol, Current Limit, Voltage of VA/VB, Setting Times and Self Test.

Data Output: Measured Data (I, C and VA),
Voltage Settings (VA, VB),
Setting Times,
Setting Value of Cox and,
Front Panel Key Status.
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mai 4140S Section I
Table 1-1

Table 1-1. Specifications(Sheet 6 of 7).

OPTIONS

Option 907: Front Handle Kit (5061-0090).

Option 908: Rack Flange Kit (5061-0078).

Option 909: Rack and Handle Kit (5061-0084).

option 910: Extra Manual.

ACCESSORIES AVAILABLE

16053A: Test Leads (furnished with the 4140B)

One triaxial (male) - triaxial (male) cable, two BNC (male) - BNC
(male) cables, and connection plate with female connectors (one
triaxial and two BNC) are furnished. Each cable is 1 meter long.
Useful for connecting user designed prober station/measure, ent
fixture.

16054A: Connection Selectors

* Selects connection of low lead for pA Meter section as in following
figure. Used in conjunction with the 16053A.

*t r

HIGH LOW -
A

I0 
0

L o ) V A z• 
•

16055A: Test Fixture for General Device Measurements (furnished with the 4140B)

For stable pA current measurements with electrostatic/light shielded
hood. Alligator clips/TO-5 socket with connection plates for easy
connection to actual devices.

16056A: Current Divider (10:1)

Extends 10-2A range to lO1-A (use only on 10-A range).

1-9



Sectioe t Model 41

Table 1-1

Table 1-1. Specifications(Sheet 7 of 7).

Other Accessories/Recommended Stock Parts:'

Descriptions HP Model/Part Number

HP-IB Cable O.5m 10833D
im 10833A
2m 10833B
4m 10833C

Triaxial Connector Female 1250-0687
CONNECTOR-RF 1250-1413

Male ROD, BRASS 16053-24001
ROD, BRASS 16053-24002

r CONNECTOR-RF 1250-0083
BNC Connector Female NUT 2950-0001

WASHER 2190-0016
f SOLDER LUG 0360-1190

Male 1250-0408

16055A Accessories
Connection Plate with Alligator Clip 16055-65001
Connection Plate with TO-S Socket (lOpins) 16055-65002
Alligator Clips (lOea) 16055-65003
Connection Leads for TO-S Socket (lOea) 16055-65004
TO-5 Socket (8pins) 1200-0238
TO-5 Socket (10pins) 1200-0239
TO-5 Socket (12pins) 1200-0240

Triaxial Cable (approx Im) 16053-61002

BNC-BNC Cable (approx lm) 16053-61003

Connection Plate for the 16053A 16053-61001

1-10



Hewlett Packard LF Impedance Analyzer, Model 4192A

The following is an excerpt of Hewlett Packard LF Impedance An-
alyzer, Model 4192A, Yokogawa-Hewlett-Packard, Ltd., Nov. 1981.

0
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rANHEWLETT _____

PACKARD

OPERATION AND SERVICE MANUAL

MODEL 41 92A

LF IMPEDANCE .ANALYZER

SERIAL NUMBERS

This manual applies directly to instruments with

serial numbers prefixed 2045J.- and above.

COPYRIGHT YOKOGAWA-EWLETT-PACKARD. LTD. 1981

9-1. TAKAKURA-CHO. HACHIOJI.SHI, TOKYO. JAPAN

Manual Part No. 04192-90001
* Microfiche Part No. 04192-90061 Printed: NOV. 1981



Model 4192A Sectioe I
Paragphs .10 to 1.21

improves efficiency in production applications where 1-17. INSTRUMENTS COVERED BY MANUAL
repetitive measurements are made. This feature can also
be used to measure the same parameter on one corn- 1-18. Hewlett-Packard uses a two-section nine character

ponent under (five) different sets of test conditions. The
standard memory of the 41 92A preserves stored data serial number which is stamped on the serial number
even when the instrument is off. plate (Figure 1-2) attached to the instrument's rear-panel.

The first four digits and the letter are the serial prefix and

1-10. The 4192A provides HP-lB interface capability the last five digits are the suffix. The letter placed be-

for complete remote control of all front-panel control tween the two sections identifies the country where the

key settings and test parameter settings. This feature instrument was manufactured. The prefix is the same for

makes is possible to integrate the 4192A into a measure- all identical instruments; it changes only when a change is

ment system which reduces cost by improving OUT made to the instrument. The suffix, however, is assigned

throughout, improving circuit design efficiency, and sequentially and is different for each instrument. The

shortening the component development period. The contents of this manual apply to instruments with the
4192A is also equipped with X-Y recorder outputs and serial number prefix(es) listed under SERIAL NUMBERS

pen lift control. Ciear and accurate copies of character- on the title page.
istics curves resulting from swept measurements can be
obtained easily with this capability, without an external 1-19. An instrument manufactured after the pnnting of

S1-P-IB controller, this manual may nave a serial number prefix that is not
listed on the title page. This unlisted serial numbe; pre-

I-1l. The versatility and operability of the 4192A are fix indicates the instrument is different froln those

maximized by the availability of versatile test fixtures. described in this manual. The manual for this new instru-

Because components and networks are not of uniform ment may be accompanied by a yellow Manual Changes

* shape and size, the 4192, has several test fixtures that supplement or have a different manual part number. This

can be used to best meet different measurement require- supplement contains "change information" that explains

ments. how to adapt the manual to the newer instrument.

1-20. In addition to change information, the supplement

1-12. SPECIFICATIONS may contain information for correcting errors (called
Errata) in the manual. To keep this manual as current

• 1-13. Complete specifications of the Model 4192.A LF and accurate as possible. Hewlett-Packard recommends
Impedance Analyzer are given in Table 1-1. These specifi- that you penodically request the latest Manual Changes
cations are the performance standards or limits against supplement. The supplement for this manual is id.ntified
which the instrument is tested. The test procedures for with this manual's print date and part number, both of
the specifications ar. covered in Section IV. Performance which appear on the manual's title page. Complimentarv

* Tests. Table 1-2 lists supplemental performance charac- copies of the supplement are available from Hewlett-
teristics. Supplemental performance characteristics are Packard. If the senal prefix or number of an instrument
.iot specifications but are typical characteristics included is lower tharu that on the title page of this manual, see
as additional information for the operator. When the Section VII. Manual Changes.

4192A LF Impedance Analyzer is shipped from the 1-21. For information concerning a serial number pre-
factory. it meets the specifications listed in Table 1-1. fix that is not listed on the title page or in the Manual

Change supplement. contact the nearest H-.wlett-Packard
1-14. SAFETY CONSIDERATIONS office.

1-15. The Model 4192A LF Impedance Analyzer has
been .lesigned to conform to the safety requirements of

* an IEC (International Electromechanical Committee) .
Safety Class I instrument and is shipped from the factory Q" 0  l

in a safe condition.

1-16. This operating and service manual contains in-
formation, cautions, and warnings which must be followed

* by the user to ensure safe operation and to maintain the
instru~ment in a safe condition. Figur 1-2. Srial Nwnhr Plot

i i .. . . ..



Section!I Model 4192A
Table 1-1

Table 1-1. Spelfmialn(Shat Iof 12)

COMMON SPECI FICATIONS

(Amplitude-Phase and Impedance Measurements)

INTERNAL SYNTHESIZER: Output from OSC OUTPUT (HCUR) terminal0

Frequency Range : 5.000 Hz to 13.000000 MHz

Frequency Resolution: Imf4z (5Hz to 10kHz), 10mHz (10kHz to 100kHz), l00inHz (100kHz to

I lr ), I Hz (IMHz to 13 MHz)

Frequency Accuracy: ± 50 ppm (23'C ± 50C)

OSC Level Range Variable from S mVrms to L. I Vrms (when terminated by 5OS2 in amplitude-
phase measurements or UNKNOWN terminals are open in impedance measure-
ments).

OSC Level Resolution: I mV (5mV to lO0mV). SmV (1O0mV to 1. 1 V)

OSC Level Accuracy:

Measuring Frequency10m OSC Level > 0m

5Hz - IMHz I (5 + 10f) % +2mV (5 + l0"D c + I0mV

I1MHz -13 MHz I (4+l1.517) '+2mV (4+ 1.5FVVi-, 1mV

f f: measuring frequency (Hz). F : measuring frequency (NMHz).

Output Resistance 50n~ (amplitude/phase measurements). 100S2 (impedance measuremen ts,, 38kHz),
100n2 to 10kil (impedance measurements, < 38kHz. depends on measuring
range).

Level Monitor (impedance measurement) Measures and displays the voltage across- or current through the
device under test.0

Frequency and LevelControl: Set via the front-panel numeric keys or HP-IB3. auto sweep (except for level) or

manual sweep.

EXTERNAL SYNTHESIZER: Connected to the VCO INPUT connector on the rear-panel (HP3325A Syn-
thesizer or equivalent is recommended).

Frequency Range: 40.000005MHz to 53MHz (measuring frequency is equal to the frequency of
the external synthesizer minus 40MHz [5 Hz to 13MHz I)

Required Signal Level: 0 dBm to 3 dBm

.Vote. Frequency of the 4192A internal synthesizer should be set to the frequency of the external synthesi.-er
minus 40Mffz. and the internal and external synthesizers should be phase-locked

1-4
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Model 4192A s:tion I
Table t-l

T"bl 1.1. Speciftcation (Sheet 2 of 12)

EXT REFERENCE INPUT CONNECTOR : Can be connected to a I MHz/ iOMHz high stability reference signal

(- I dBm to +SdBm) to improve the stability of the internal synthesizer.

Input Resistance. Approximately 5Of

MEASURING MODE:

Spot Measurement At specific frequency (or dc bias*)

Swept Measurement Between START and STOP frequencies for dc bias*). Sweep can be automatic
or manual.

Sweep Mods Linear sweep mode (sweeps at specified step) and logarithmic sweep mode (20
measurement points per frequency decade).

X10 STEP: Multiplies the specified frequency/de bias* step by 10 in linear manual sweeps..

PAUSE Key. Temporarily stops swept measurements.

SWEEP ABORT Key Makes sweep cancellation.

DC bias sweeps can be made for impedance measurements only.

RECORDER OUTPUT: DC outputs proportional to measured values of DISPLAY A. DISPLAY B. and:
• measuring frequency or dc bias. PEN LIFT output and X-Y recorder scaling'

outputs are provided.

Maximum Output: ±IV

Output Voltage Accuracy : : (0.5- of output voltage + 2OmV).

FIVE NONVOLATILE STORAGE REGISTERS . Memorize five complete instrument measurement configurations.

Measurement configurations can be set from the front-panel from the HP-IB.,

or both.

HP-lB INTERFACE : Data output and remote control via the HP-lB (based on IEEE-Std-488 and

ANSI-MCI .

Interface Capability SHI. AHI. T5. L4. SRI. RLI. DCI. DTI. El.

* Remote Control Function : All front-panel functions except LINE ON/OFF switch and XIO STEP key.

Data Output: Measured values of DISPLAY A, DISPLAY B, and measuring frequency or dc

bias.

SELF TEST: Performs the 4192A basic operation checks and displays the test results when
power is turned on or when the SELF TEST mode is set by the SELF TEST key

or via HP-IB.

[TRIGGER: Internal, External, Hold/Manual, or HP-IB remote control.

2 r



selw I Model 4192A
Tawb 1-1

Teli 1-1. SPsclficeMtl (Shuot 3 of 12)

AMPLITUDE/PHASE MEASUREMENTS0

PARAMETERS MEASURED: Measures DISPLAY A parameters and DISPLAY B parameters simultaneouuly in
the parameter combination listed below. Deviation measurement (A) and
percent deviation measurement (A%,) can be performed for all measurement
parameters.

DISPLAY A Function DISPLAY B Function

Group delay (s)
B - A (dB) : Amplitude ratio

0 (deg/rad) : Phase Difference

A (dBm/dBV) :Absolute amplitude of Reference Input

B (dBm/dBV) :Absolute amplitude of Test Input

REFERENCE AMPLITUDE: 0dBv = I Vrms. OdBm = I mV (into 50fM

OSC OUTPUT CONNECTOR OUTPUT IMPEDANCE . 50SI + 5% - 8-, (at 30Hz to 5MNHz), 5Of2 t 10% (at 5Hz to
13 MHz).

CHANNEL A AND B:

Input Impedance: I MnZ ± 27c. shunt capacitance 25 pF t 5pF

Maximum Input Voltage: 2Vrms/± 35 V DC Max.

DISPLAY RANGE AND RESOLUTION : In NORMAL or AVERAGE measurement mode (Measuring resolution de-
creases one digit in HIGH SPEED measurement mode.

B-A: 0 to ± 100dB. 0.00 1dB (< 20dB), 0.0 1 dB ( ! 20d0) resolution

8 : 0 to ± 180" (0 to ± 7T radian), 0.0 10 resolution

Group Dole, (,r,) :0. Ins to 19.999s, 0. Ins maximum resolution

A, B: +0.8dBV to-IOOdBV. +13.8dBm to -87dBm, 0.001dB (>-2Od0), 0.01dB (19-201B)
resolution

1-6
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Tawe 1.1. Speciflcatiom (Shoot4 of 12)

MEASURING ACCURACY* Specified at measuring terminals when the following conditions are satisfied:

(1) Warmup Time.- > 30 minutes

(2) Ambient Temperature : 233C ± 5*C (error limits double for 00C to 550C temperature range).

* (3) Measuring Speed: NORMAL or AVERAGE mode.

NVote: A4dditional errors due to the power splitter, feedthrough termination, etc.. are to be added to specifi-

Lations given here.

The measurement accuracy of each parameter is given below. The accuracy depends on input absolute level of
* each channel and the measuring frequency.

B-A and 0 Measurements Accuracies : Accuracies are the sum of each channel accuracy given in the table
below. For example, when the frequency is I kHz, A channel is - I~dBV and B
channel is -25dBV; the uncertainty contributed by each channel to the B-A

* error is 0.0 ldB/0.05* and 0.05d0/0.15 0, respectively. Therefore, the final ac-
curacy of 0.06 dBIO.2* is given by the accuracy of both channels.

Group Delay Measurements Accuracy : Accuracy is derived from the follovs,4g equation (phase accuracy I6OA

and '60B are read from the table below):

0group delay accuracy 7"7 - (s)
where. 

1O 
Chne1 hs cuay(ere

where 60 Channel B phase accuracy (degree)

AF Step Frequency (Hz)

4.0.8f :measuring frequency (Hz)

-10 (.008+0.2/f)dB 0.01dB 0.045dB (0.o25+0.o2F)dB F esrn rqec MZ
10.(0.04+1/f)0  0.050 0.080 0.08F0  esrn rqec Mz

-20 .047+0.2/fdB 0.05dB 0.08dB (0.04*0.04F)dB Eqainintbeepsn:
0 0 0.13+2/f)O 0.150 0.25 (0.05+0.2F)O A. B accuracy

73(0.05+1/f)dB 0.06dB 0.12dB (0.06+0.06F)dB 8 accurc
-4. (0.14+6/f)o 0.20 0.30 (0.05+0.25F)-

o(0.05+3/f)dB 0.08dB 0.14dB (0.07+0.07F)dB
(0.15+15/f)' 0.30 0.60 (0.3+0.3F)0

-(0.1+10/f)dB 0.2dB (0.1+0.1F)dB
.60 -(1+50/f) 0  1.50 (1+O.5F)0

(0.45+25/f)dB 0.7dB (0.4+0.3F)dB
(4+100/f)0  5 (4.F)0

~ 70 (1.5+50/f)dB 2dB (1eF)dB

~--0 (12+300/f)0  150 (13+2F)0

-90 Unspecified

-100
5100 16k 114 1314

Measuring Frequency (Hz)
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Tabl 1.1

Tab" 1- 1. SPOclfi~tion" (Shut 5Sof 12)

Absolute Amplitude (A, B) Accuracy: Accuracy is gtiven in the table below.,

- 0.8-
> f .measuring frequency (Hz)

M
- 10 F :measuring frequency (MHz)

-0- (0.4+1/f)dB 0.4dB (O.4+0.08F)dB

.~-30

-40

S-50
(0.5+11/f)dB 0.6dB (0.5+0.18F)dB

-60
(0.85+26/f)dB 1.1dB (0.8.0.38F)dB

S -70
- (.9+51/fOdB 2.4dB (1.4+1.08F)dB
S-80

-90 Unspecified

-100.
5 1-g0 IM 3

Measuring Frequency (Hz)
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Modl 4192A Sectior I
Tabk I-1

Tabl 1-1. Spclifleaou (Shut 6 of 12)

IMPEDANCE MEASUREMENTS

PARAMETERS MEASURED: Measures DISPLAY A parameters and DISPLAY B parameters simultaneously i.
the parameter combinations listed below. Deviation measurement (W) and
percent deviation measurement (61.) can be performed for all measurement
parameters.

DISPLAY A Function DISPLAY B Function

IZI Absolute Value of Impedance e (deg/rad) : Phase Angle
I Y I Absolute Value of Admittance

R Resistance X Reactance

G Conductance B : Susceptance

Q Quality Factor
L Inductance

D : Dissipation Factor
C Capacitance

R Resistance

G Conductance

EOUIVALENT CIRCUIT MODE: Auto, .- 'M. (Series), and e (Parallel). !Z. R. and X are measured :
w mode; and iY 1, G. and B in .412J. mode.

• DISPLAY Maximum 41A digits in NORMAL or AVER-GE measurement mode. maximum
31: digits in HIGH SPEED measurement mode. Number of display digits de-

pends on OSC level, measuring range. and measuring frequency.

* RANGING : AUTO or MANUAL for impedance I IZ 1 admittance ( IY I) measured value.

MEASUREMENT TERMINAL: 4-terminal pair configuration

AUTOMATIC ZERO ADJUSTMENT : Residual impedance (R +jX) and stray admittance (G +jB) of the test fixture
are measured at a frequency selected by the operator. These values are ther
stored and used as offset data for subsequent measurements. The stored offset
values are converted and applied to other measurement frequencies (refer to

0 paragraph 3-79).
_____il~I
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Tabl 1-1

Table 1-1. Specifications (Sheet 7 of 12)

MEASURING RANGE AND RESOLUTION: Accuracy is specified at UNKNOWN terminals under the olwn
conditions:

(1) Warmup Time: >- 30 minutes

(2) In Floating Measurements : (see Table 1-2 for specifics on low-grounded measurements)

(3) Measuring Frequency : At the frequency of the zero offset adjustment

(4) Ambient Temperature : 230C ± V0C (error limits double for temperature range of 0"C to 550C)
(5) CABLE LENGTH: At 0 position

(6) Measuring Speed : NORMAL or AVERAGE mode

(7) In the tables, = area Accuracy is not guaranteed.

area :Accuracy cannot be specified.

B = I1 .02 : use the left graph (below)

C = I : use the right graph (below)

where, : OSC LEVEL (V)

f Measuring frequency (Hz)
F Measuring frequency (MHz)

200

100
4

3 -

10
2

1

5m1 lOmI 100i11 Sm I Oin I Onm .1

OSC LEYEL(V) OSC LEVEL(V)

1-10
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Table w-1

TXI 1.1. Specificatm (Sheet 8 of 12)

I Z I-O and R-X Measurements:

Measuring Range:

Parameter Measuring Range Maximum Resolution

IZI" R • X 0.O00l2 to 12.999Mfl I00,U2

1 - 80.0O0 to +180.000 0.010

* Measurement Accuracy: Refer to the table below (specified by ZY RANGE). However. R and X ac-
curacy depends on the value or D as follows:

D <1 1 <D < 10 1

Accuracy of R is equal to the accuracy of T Table
R X. ir ubro ons scuae rm Two times error given in the table below. below

R X in number of counts. as calculated frombeo

the table below.

Accuracy of X is equal to the accuracy of R, in

* X Table below. number of counts. as calculated from the table be-
low.

..- , 'I • .4A- ' • 32-A8 • " .. A)B

IAu - " ;A -

0 : .,, , •7 *2;3 " :. i •: .: . g)

.^, a A . I 2A.8 0.2AB

' 0 5 * 3 IA B * .0 2 j 1 A " -1 -"A )

1 - 3.:A, . . _ * . oAC .)2F - --

-, ,,:.35. 0 :A)B - 3 :4 6A;CK - - 3.31F - . :3: .

( .18 0. ( . 3* J, 3 .. 1 . 3 3.020 1

0 0 4 i 1 5 .. I A

5 j { 3 * 1 ,:3 .- .:I 032F' Is
0..22.0.-2

10.58. 1 a 0.04 ( 4 ) Is 0.68 O 5.
0.1 3.j~H (. 3--)1?

1  0.06 (1 - q)C, .0.3 A

5400 2"13"

Measuring Frequency (Hz)

(1) A Displayed IZI, R or X (fl) in the table.

SZ IZ Range full scale (S)

(2) Equations in table represent :

I Z I, R, X accuracy [ ± (% of reading + number of counts)J

• 9 accuracy I ± (absolute value))
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Table I-I

Table 1-1. SpeCifications (ShWt9of 12)

1Y I - 9 and G-B Measurements:

Measuring Range :

Parameter Measuring Range Maximum Resolution

IYI. 0. B O.00AlS - 129.99S InS

0 -180.00 -- +180.000 0.010

Measurement Accuracy Refer to the table below (specified by ZY RANGE). However. G and B accuracy
depends on the value of D as follows:

D < 0.1 0.1 <D _< 1 1< D

Accuracy of G is equal to the accuracy of B. in
G number of counts, as calculated from the table Table below

below. I

Two times I, error given in Accuracy of B is equal to the accuracy of G. in
B Table below the table belowr number of counts, as calculated from the table

below.

zZ -S7 '.--:- ' -3• : -3 € 3.2r  3 - 3

. 3 2 5 .3

i . - . . . . -, : " "

: . { -:.:3 - 320309 .

,:.6.

:-1;

- -3.2A 7 0.2A • -02 F *

' °oe .,5 ,.I}E - :-0,-J4 01 24.' '3_5 : - a.A, .,5 - 0A - 0.311' O I.F~B

t, .• : 2? 3 ; , -3 3I0F. ""
A_ 3. ~ T ;

Measuring Frequency (Hz)

()A=Displayed I Y 1, G or B (S)inteab.( = Y I Range full scale ()

(2) Equations in table represent :

-2 acrc 001

1-12-:. e~. 33.-..1~034-B
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Table 1-1. Seftlcftlomn (Sheet 10 of 12)

L-O, D, R, G Measurements: Refer to R/X or G/B measurements for R and G accuracy.

Measuring Range:

Parameter Measuring Range Maximum Resolution

V 0.OlnH L.OOkH lOpH

D 0.0001 - 19.999 0.0001

Q 0.1 - 1999.9 0.1

* Depends on ZY RANGE and measuring frequency (refer to paragraph 3-71).

Measuring Accuracy : Refer to the table below (specified by ZY RANGE).

M 2 . :1 .:: 5 •
o  

.. 4A.c , " -. O.4ZAAI

... 2 .A,. 3

* 3A 3: 1

*: : .

• - ...

.003V ^ ,OA 
°
' .3 , . ;;;• , 03A'B ,''*"".,

,:: 1 .04 * .cF: --- " - - "

(3. 3-7 " ": - - 1 3 34 : 1- -- -

Measuring Frequency (Hz)

(1) A = 2ir X Measuring frequency (Hz) X Displa, ed L (HI in the table.
Z , Range full scale ( S)

(2) Equations in table represent (at D 90.1)%:

L accuracy [± (% of reading + number of counts) I

D accuracy [ ± (absolute value))

• (3) If 0. 1 < D < 1. double the % error for all values of L.

(4) If D > 0.1. multiply error of D by (I + D)2 .

S "1
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Table 1-1

TOe 1-1. SpOciftatim (Shut 11 of 12)

C-0, 0, R, 0 Measurments: Refer to R/X or G/B measurements for R and G accuracy.

Measuring Range

Parameter Measurement Range Maximum Resolution

CS 0.00O1nF - 100.OOmF 0.lpF

D 0.0001 - 19.999 0.0001

Q 0.1 - 1999.9 0.1

* : Depends'on ZY RANGE and measuring frequency (refer to paragraph 3-7 1).

Measurement Accuracy: Refer to the table below (specified by ZY RANGE).

So.' 5' .024C; -3 0.281.3 3.ZF B' *3
:0. 3 0.0010

0.00 1's - .B 3.05 0.24r- (0.00?. 0.018,002 0 0A01

10.111 I - 0.03 0. KICI 14. . 3 0.ZF.s • 3
too- o, 0.1%5 (1 - O.3 0. oCj (.002 -,0 0009+ 0AA

S 3,8. 1 - 0.02 ;k,)CI 3 ] 33 ,.5oF.io , 3
'0 0009 - 0.002?8  .O 0.04 0I 3.) (0.0009. 0-~002s 10.M t 23!6! I

11. oo .j .0.6io )C 1.2)C .o: oa;

";;009 • 1-- 4 . i --- 0 04 0"A)J0 -- 0 .0002F - O.O003F*-)B

I - 2A)B ) 3 1 2A)C * (0.1 *0. A . :0.1 - 3. :.32F .0 24) . - I

1.009 1 1: • S (I { -0.04 (1 + ZAIC) o.o009 a- 10 B i o.Woci 0.C +, .00o02, O.O00F3V

.. ,. - o.:A)8 5 .04 (1 - Z0AXC ] 1 (0.2 - ;.SAW.: • I

;

0.oo 00 0.004A;e 8 1-- { 0,.04 0 - 2oA)CI (0.002 - J.04,,

(0.005 -._., 0I

5 4 0 0 : 0 04 3 M

Measuring Frequency (Hz)

(1) A=2B X Measuring frequency (Hz) X Displayed C (F)

3.32 * (1)4A A-.{ .4 12AC .0?*334

IYI Range full scale

(2) Equations in table represent (at D < 0.1):
C accuracy [±(% of reading + number of counts))

D accuracy [±(absolute value)]

(3) If 0.1 < D < 1. double the % error for all values of C.

(4) If D > 0.1, multiply error of D by (I + D)2 .

1-14
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Tab" 1-1

T"bl 1.1. Specifications (Sheet 12 of 12)

DC SIAS. Valid for impedance measurements only.

Voltage Range.. -35V to +35 V. lOmV steps

Setting Accuracy (at 23 0C ±5 0C) : ± (0.5 % of setting +5 mV)

*Output Resistance : I I On to I I kfl ± 10% (depends on measuring range)

Maximum Output Current: Varies with measuring frequency and range.

Floating measurements - 2OmA max.
Low-grounded measurements - 5 mA max.

* Control: Front-panel numeric keys or HP-lB remote control

GENERAL

OPERATING TEMPERATURE 00C to 55"C

RELATIVE HUMIDITY: 9517 at 400C

POWER: 100. 120, 220V ± 10%, 240V+ 5V- 101". 48Hz to 66Hz, power consumption
10 OVA maximum.

DIMENSIONS: 425.5 mm (W) X 230mm (H) X 574mm (1),

WEIGHT: Approximately 19kg

FURNISHED ACCESSORIES AND PARTS : 16047A Test Fixture, 1 1048C 50a Feedthrough Termination (2 ea.),
Splitter (HP Part No.: 11652-60009, Nominal 50Rl), Power Cord (HP Part No.:
8120-1378).

OPTIONS

OPTION 907: Front Handle Kit (HP Part No.: 5061-009 1)

OPTION 908: Rack Flange Kit (HP Part No.: 5061-0079)

OPTION 909: Rack and Handle Kit (HP Part No.: 5061-0085)

OP'TION 910: Extra Manual
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Tabe 1.2

Table 1-2. General Information (Shat 1 of 2)

GENERAL INFORMATION

(The following information is reference data and not guaranteed specifications.)

TYPICAL MEASUREMENT ACCURACY:

Impedance Measurement (Floating):

Accuracy when CABLE LENGTH is I m : 2.5 times percent error for frequencies above 1 MHz.

L , C accuracy for D > I : ( I + Di) times accuracy specifications

Low Grounded Impedance Measurement Accuracy :

To obtain low grounded measurement accuracy, add the accuracy for floating
impedance measurements, given in the proceding tables, to the additional error
given in the figure below. Compensation for residual impedance (' 9pF at
_ 600kHz or approximately 2Okf2 at > 600kHz) must also be made using

the 4192A's zero offset adjutment function.

-' ~10 --

?SC Rne
0~ ~ ~ ~ ~ Z RooL.'E Y a~LEVEL-

o ~'7QmV 00a 'IK, -.

170 11k .If 0.-I"
O Jrl 1MS'AOS

I.I . 0..S. ,.".

5 10K lOOK IM IOM

Measuring Frequency (Hz)

MEASURING SPEED: Refer to the figure below (at fixed measuring frequency. measurement range and

OSC level for impedance measurement). Specific information is provided in
p.ragraph 3-55 for amplitude/phase measurements and in paragraph 3-89 for im-
pedance measurements. Speed in AVERAGE mode is approximately 7 times
that for NORMAL mode.

3.0,-

1.0:

.. . Measurement High Speed

3Normal 
Speed

High Speed

S.. , . _.,&I Normal Speed

30m Impedance kleasurement

5 10 100 1 K 100K 1MN 13M

Measuring Frequency (Hz)

1-16
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Table 1-.

TAWes 1-2. Gmwul Infomation (Sheet 2 of 2)

FREQUENCY SWITCHING TIME : Approximately 50ms to 65ms

ZY RANGE SWITCHING TIME: Approximately 35ms to 50ms per range (at > 40OHz)

OSC LEVEL SWITCHING TIME: Approximately 65ms

DC BIAS VOLTAGE SETTLING TIME: Approximately (0.4 X AV + 10) ms where AV is the voltage change (V).

LEVEL MONITOR RANGE AND ACCURACY : At 230C ± 50C

Range Accuracy (% of reading+ count)

Voltage 5mV - I.IV ! 10Hz: (4+10/0%+I

l00Hzto1MHz: 4% + I
Current lIAA - I I mA

IMHz: (4+0.8F)%+1

where f : measuring frequency (Hz). F . measuring frequency (MHz).

TIME REQUIRED FOR LEVEL MONITOR : Approximately 120ms

1MHz REFERENCE OUTPUT: Square wave, > 1.6Vp-p

Output Resistance: Approximately 509

I-]
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Paraphs 1.22 to 1.29

1-22. OPTIONS 1-25. Option 910 adds an extra copy of the Operation

and Service Manual.

1-23. Options are modifications to the standard instru-
ment that implement the user's special requirements for 1-26. ACCESSORIES SUPPLIED
minor functional changes. The 4192A has four option3
as listed in Table 1-3. 1-27. The HP Model 4192A LF Impedance Analyzer.

along with its furnished accessories, is shown in Figure

Table 1-3. AvailaWble Options I- I. The furnished accessories are also listed below.

Option 16047A Test Fixture
Number DIcription I I048C so Feedthrough (2 ea.)

Power Splitter (HP Part No.: 11652-60009)
907_ _ Front__andle__t.BNC Adapter (HP Part No.: 1250-0216)

908 Rack Flange Kit. 1170A BNC Cable (2 ea.)
Power Cable (HP Part No.: 8120-1378)

909 Rack Flange and Front Handle Kit.

910 Extra Manual 1-28. ACCESSORIES AVAILABLE

1-29. For certain measurements and for convenience in
1-24. The following options provide the mechanical connecting samples. ten types of accessories are available.
parts necessary for rack mounting and hand carrying: Each accessory is designed to meet the various measure-

Option 907: Front Handle Kit. Furnishes carrying ment requirements and types of DUT. All accessories
were developed with careful consideration to accuracy,
reliability, and ease of measurement. A brief description

Option 908: Rack Flange Kit. Furnishes flanges for rack and photo of each available accessory is given in Table
mounting for both ends of front-panel. 1-4. S

Option 909: Rack Flange and Front Handle Kit. Fur-
nishes both front handles and rack flanges
for instrument.

Installation procedures for these options are detailed in
Section ff.

1-18



Tektronix 468 Digital Storage Oscilloscope

The following is an excerpt of Tektronix Digital Storage Oacillo-
acope, Model 468, Instruction Manual, Service Vol. 1, June 1982.



. IWkTltronix
COMMriuD TO EX[ [LENGE

WARNING

THE FOLLOWING SERVICING INSTRUCTIONS
ARE FOR USE BY QUALIFIED PERSONNEL ONLY.
TO AVOID PERSONAL INJURY, DO NOT
PERFORM ANY SERVICING OTHER THAN THAT
CONTAINED IN OPERATING INSTRUCTIONS
UNLESS YOU ARE QUALIFIED TO DO SO.

1
J

:j

PLEASE CHECK FOR CHANGE INFORMATION
AT THE REAR OF THIS MANUAL.

468
]DIGITAL STORAGE

OSCILLOSCOPE
SERVICE

VOLUME I

INSTRUCTION MANUAL

Tektronix, Inc.
P.O. Box S00
Beverton, Oregon 07077 Serial Number

070451500 F6r1t PrM ti AUG 1960
l'mduc Groue 40 IWd JUN 19 2
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SPECIFICATION

INTRODUCTION
* The TEKTRONIX 468 Oscilloscope is a portable digital storage oscilloscope with a four-trace, dc-to-1eo MHz, vertical

- deflection system. The 468 combines an easy-to-use storage function with cursor measurement of time and voltage. Measure.
ment values are indicated on a four-digit, seven.segment LED display.

NON STORE MODE Digital storage adds three TIME/DIV switch positions.
increasing the storage time base to 5 s per division (a total
sweep time of 50 s). The waveshape of signals acquired at

In the NON STORE mode, the 468 operates as a con- these low frequencies would be impossible to view on a
ventional oscilloscope that can display CH 1, CH 2, ADD, conventional oscilloscope. Digital storage circuitry, how.
and A TRIG VIEW (external trigger only) simultaneously. ever, constantly refreshes an acquired waveform to produce
The vertical deflection system has calibrated deflection a directly viewable display for ease of analysis and measure.

• factors ranging from 5 mV to 5 V per division. The hori- ment. Three added VOLTS/DIV switch positions increase
zontal deflection system has calibrated A Sweep rates from the digital storage vertical deflection sensitivity up to 0.5
0.5 s to 0.02 ,s per division and is capable of operating in mV per division. Small.amplitude signals are acquired at 5
the following sweep modes: A, A intensified by 8, A alter- mV per division and are amplified to produce the added
nated with delayed B, and B delayed. The calibrated 8 sensitivity.
Sweep rates are from 50 ms to 0.02 us per division.

C
(9 The horizontal magnifier circuit feature increases each The digital storage signal acquisition modes are NORMThsweep rate by a factor of 10. This provides a maximum and ENVELOPE Storage Modes and an optional AVGsweep rate of 2 ns per division when the TIME/DIV switch Storage Mode. Selecting NORM Storage Mode causeses in the 0.02 s per division position, acquisition and display ef a new waveform with eachtrigger. The display in this mode most resembles conven-

0" tional osc'lloscope displays, and waveforms acquired will
react to the oscilloscope front-panel controls with each

" STORAGE MODE trigger.

The 468 digital storage circuitry has a 10 MHz Useful When ENVELOPE Sterage Mode is chosen, the maxi.
" Storage Bandwidth for the acquisition of signals, and will mum and minimum waveform values for a selected number

display the acquired waveform with a bright, flicker-free of sweeps are acquired, and the resultant waveform enve.
trace. With the digital storage feature, low-frequency signal lope is displayed. This mode is useful for detecting noise

- analysis and waveform measurements-previously difficult and spurious or erratic signals.
or impossible to make-are easily performed. A choice of

. two standard and one optional signal acquisition modes are
available: NORM and ENVELOPE (standard) and AVG Choosing the optional AVG Storage Mode allows wave-

C. (optional). Two storage functions are available to hold a forms to be acquired for a selected number of sweeps and
display indefinitely for measurement and comparison: causes the averaged value of the acquired signals to be

* SAVE Storage Mode (stops acquisition) and SAVE REF displayed. In this mode, signal-to.noise ratio is improved in
(holds a reference display and continues acquisition in the direct proportion to the square root of the number of

" selected Storage Mode). Using the PRE TRIG or POST sweeps acquired, and noise accompanying the signal is
TRIG Storage Window, waveform data may be acqt'ired either averaged out or reduced to a small level. The signal
prior to or after the trigger. Time and voltage measurements acquired in the AVG Storage Mode is processed to increase
on the acquired waveform are easily made using the VOLTS the vertical resolution of the displayed signal. This feature
and TIME Cursor Functions, and the measurement values is very useful for displaying small-amplitude signals

* are indicated on a four-digit, seven.segment light.emitting acquired in the 0.5, 1, and 2 mV per division positions of
diode (LED) display, the VOLTS/DIV switch.0.
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Once the deswred signal is obtained in storage, the signal torm to the right of the wven-sgment LED uSWPy. Twoe
acquisition may be halted and the display frozen by select- measurements ae made using two bright, poitionable dots
ing the SAVE Storage Mode. The waveform wil remain di&. that appear on t Vce when the TIME Cursor Function
played indefinitely for analysis and measurement purpoees. button is pressed in. The TIME cursor dots are positioned to
In the SAVE mode, the next six faster positions of the the desired measurement points, and the time difference be-
TIMEIDIV switch (if available) horizontally expand the dis- tween the dots is directly read on the LED display.
play (up to 100 times). Additionaly, signals acquired at
sweep rates of 1 ps per division or faster may be reduced A COUPLED V/T measurement mode is made avaiable
bac* to the 2 ms per division acqisition rate. by pressing in both the VOLTS and TIME Cursor Function

push buttons. In this mode. the TIME dots attach to the .
The SAVE display may also be expanded vertically (up to VOLTS cursors, and the VOLTS cursors will never be dis-

10 times) with the next three higher deflection sensitivity played beyond the limits of the waveform. The COUPLED
positions of the VOLTS/DIV switch (if available) for the V/T mode is useful for slope, peak-to-peak amplitude, and
channel used to obtain the SAVE display. Signals obtained time duration measurements. While the cursors are coupled,
in the NORM or ENVELOPE Storage Mode at VOLTS/DIV the LED readout will display the voltage difference between
switch settings 0.5, 1 or 2 mV per division may be reduced the cursors.
back to the 5 mV per division deflection sensitivity if desired.
The SAVE display of a waveform acquired in the AVG Stor- In instruments factory equipped or converted to firmware
age Mode may be ,)xpanded, but it may not be reduced version 2.0 or higher. the COUPLED V/T mode is also useful
below the deflection sensitivity at which the signal was for making asolute dc-votage measurements with respect
acquired. to ground.

When the SAVE REF push button is pressed in, the 0
waveform being displayed at that time will be stored and
held on the display while the digital storage continues to AVAILABLE OPTIONS
acquire data. The SAVE REF display is then available for
comparison with signals obtained from other circuits, or it
can be used as a before-and-after check on circuit operation
when changes or adjustments are made to the circuit under Option 02 is the General Purpose Interface Bus (GPIB)
test. A new reference waveform is obtained each time the used to transmit the waveform data stored in the display
button is released and then pressed in again. Displaying the memory. The waveform data transmitted will conform toh
reference signal reduces the number of vertical mode possi- the Waveform Transmission Standard as specified in the
bilities that the 468 is capable of displaying simultaneously. Tektronix Interface Standard-General Purpose InterfaceBus (GPIB), Codes and Formats.

The time window used to obtain a stored waveform may 0
be set to acquire either aproximately 8.75 horizontal divi- Option 12 is the AVE Storage Mode. This option will
sions of waveform data occurring before the triggering sig- acquire data for a selected number of sweeps (from 2 to 256
nal (in PRE TRIG Storage Window) or the same amount of in a binary sequence) and display the average waveform
waveform data occurring after the triggering signal (in POST accumulated.
TRIG Storage Window). The PRE TRIG feature is useful for
analyzing events that might cause an error to occur. If the
oscilloscope is set to trigger on the error, data immediately NOTE
pnor to the error is stored for analysis. POST TRIG Storage The AVE Storage Mode is part of the standard instru-
Window most resembles conventional tnggering; but while ment above SN 8032430.
conventional oscilloscope triggering usuaiiy starts the
sweep, POST TRIG Storage Window triggering does not
occur until approximately 1.25 horizontal divisions of wave- Option 04 (EMC provides additional reduction of electro..
form data are acquired. magnetic interference.

Voltage and time measurements are made directly on the
displayed waveform. Pressing in the VOLTS Cursor Func- Option 05 provides the instrument with front-panel selec-
tion push button causes two horizontal lines (VOLTS tion of additional trigger-signal processing capabilities to
Cursors) to be presented on the display. Only one cursor at facilitate observation and measurement of composite video
a time is positionable using the CURSOR control knob. The and related television waveforms.
active cursor is displayed as a dashed line, while the fixed
cursor is a solid line. Voltage difference (as represented by
the cursor positions) is directly read on the seven-segment Option 11 enables the 468 to convert the digital data
LED display, and the appropriate measurement scale factor stored in memory into analog X and Y outputs for driving
is shown on the three dual-color (red and green) LED indica- an X-Y Plotter.
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SPECIFICATION TABLES
The follow"n electrical characteristics (Table 1.1) are valid only 4 the instrument has been calibrated at an ambient

temperature between *20"C and +300C. the instrument is operating at an ambet temperature between -150C and
+ 55*C (unless otherwise noted), and the instrument has had a warmup period of about 20 mnmutes.

Environmental characteristics are given in Table 1-2. The 468 meets the requirements of MIL-T.28800B. Class 3. Style D
equipment. Physical characteristics are listed in Table 14. and option electical charactenstcs are presented in Table 1-4.

Table 1-1

Electrical Characteristics

Characteristics Performance Requirements Supplemental Information

VERTICAL SYSTEM

Deflection Factor (Nonstorage Mode)

Range 5 mV per division to 5 V per division
in a 1-2.5 sequence of 10 steps.

DC Accuracy Graticule indication is within 3% of true Gain set with VOLTS/DIV switch set
input voltage up to ±12 divisions, refer- to 5 mV per division.
enced to instrument ground, for all
calibrated VOLTS/DIV switch settings.

Uncalibrated (VAR) Range Continuously variable between settings of

(Nonstorage Mode) VOLTS/DIV switch. Extends deflection
factor to at least 12.5 V per division.

Low-Frequency Linearity 0.1 division or less compression or
expansion of a 2-division signal at
center screen with waveform posi-
tioned to upper and lower extremes of
graticule area.

Frequency Response 5-division reference signal from a
25- source; centered vertically, with
VAR VOLTS/DIV control in cali-
brated detent.

Bandwidth (Channel 1 and
Channel 2 Nonstorage Mode)

-15C to +40C Dc to at least 100 MHz.

+40*C to +55 0 C Dc to at least 85 MHz.a

AC Coupled Lower -3 dB Point

S1X Probe 10 Hz or less.

IOX Probe I Hz or less.

OPerformanc requirement not checked in manual.

REV JUN 1981 1.3
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Table 1.1 (cet)

Cliaracteristics Performance Aeqluirements= Supplemental Information

VERTICAL SYSTEM (*oat)

Step Response (Non-Storage Mode) 5-division reference signal, dc coupled
at all deflection factors, from a 25-n
source; vertically centered with VAR
VOLTS/DIV control in calibrated

Rise Time detent. 0
0.35

0C to +400C 3.5 ns or less (calculated).a  Rise Time 0
BW (in MHz)

Positive-Going Step (Excluding
ADD Mode)

Aberrations

O0 C to +400C +4%, -4%, 4% p.p or less. +6%, -6%,
6% p-p or less (5 V setting only).

Position Effect

O0 C to +400C Total aberrations less than +6%, -6%,
6% P-p; checked at 5 mV per division.

Negative-Going Step Add 2% to all positive-going specifi-
cations; checked at 5 mV per division.

ADD Mode Operation I Add 5% to all aberration specifica-
tions; checked at 5 mV per division.

Common Mode Rejection Ratio At least 10-1 at 20 MHz for common
(ADD Mode With Channel 2 Inverted) mode signals of 6 divisions or less with

GAIN adjusted for best CMRR at
50 kHz. (10:1 at 10 MHz for storage
mode.)

Trace Shift as VAR VOLTS/DIV 1 division or less. Digital Storage scale-
Control Is Rotated factor LED will indicate voltage

measurements are in divisions in a
storage mode with the VAR control
out of calibrated detent.

INVERT Trace Shift Less than 2 divisions when switching
jfrom non-riverted to inverted.

Input Gate Current

+20 C to +300C 0.5 nA or less (0.1 division or less
trace shift when switching input
coupling between DC and GND with
VOLTS/DIV switch set to 5 mV
per division).,

-15 0C to +550C 4 nA or less (0.8 division or less trace
shift when switching input coupling
between DC and GND with VOLTS/
DIV switch set to 5 mV per division),.

--5Performance requiremint not checked in manual.
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Table 1-1 (cant)

Charaicteristics herfornce RequIremefts Sipplentntal gnfomation

* VEPTICAL SYSTEM (cant)

Chan'nel Isolation At least 100: 1 at 25 MHz (10 MHz in
storage).

Vertical POSITION Range At least +12 and -12 divisions from
* graticule center.

Chopped Mode Repetition Rate Approximately 500 kHz. Within 20%.
(Nonstorage Made)

inpust R and CI
*Resistance 1 MSI, within 2%.'

Capacitance Approximately 20 pF.a

R and C Product (+200C to +300C) I Aberrations 2% or less using a P6105
probe.

Maximum Input Voltage

DC Coupled 250 V(dc +peak ac).a
500 V (p-p ac at 1 kHz or less).a

AC Coupled 250 V (dc +peak ac).a
,0 500 V (p-p ac at 1 kHz or less).a

eCascaded Operation i H 1 VERT OUT SIGNAL OUT
coupled into CH 2 input; ac coupled,
*using 50-Q2, 42-inch RG-58 C/U cable,
terminated in 50 £2 at the OH 2 input

.0 connector.

*Bandwidth (Nonstorage) Dc to at least 50 MHz.

*Cascaded Sensitivity At least 1 mV per division; terminated in

50 £2 at the OH 2 input connector.

* DIG ITAL STORAGE VERTICAL ACOUISITIO'J

Resolution 8 bits, 25 levels per division. 10.24
divisions dynamic range.

DC Accuracy Scaled binary value of stored digital word Gain set with VOLTS/DIV set to
*is within 3% of true input voltage up to 5 mV per division.

±t12 divisions, referenced to instrument
ground, for all calibrated VOLTS/DIV
switch settings.

Range 10.5 mV to 5 V per division in a 1-2-5
* _________________________ -______________________ Isequence of 13 steps.

Digital Sample Rate I10 Hz to 25 MHz as determined by the
___________________________ _____________________________ jTIME/DIV switch setting.

a'Peormance requirement not checked in manual.
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Table 1-1 (seat)

Characteristics uerformane qurnts Supplenental Information

DIGITAL STORAGE VERTICAL ACQUISITION (coat)

Digital Chop Rate 5 Hz to 12.5 MHz (1/2 of the non-
chopped sample rate at all TIME/DIV
switch settings).

Analog Step Response 3% or less acquired overshoot on a 5. Checked on a saved waveform display
division pulse with Display Response set using horizontal expansion (X1O MAG
to PULSE. off).

Analog Bandwidth Oc to 10 MHz, within ±1 dB, measured At exactly 10 MHz input signal
in ENVELOPE Storage Mode with the frequency, it is possible for aliasing to
TIME/DIV switch set to 1 ms. occur and produce an envelope with 0

variable amplitude. If aliasing occurs,
shift the test frequency slightly to
obtain an envelope with flat amplitude.

Useful Storage Bandwidth
Single Trace

NORM Storage Mode or Alt CHOP

SINE Display Response Dc to 10 MHz, Dc to 5 MHz, with- For SINE Display Response, useful
within +1, -3 dB, in +0.5, -1.5 db, storage bandwidth is limited to that
measured p.p over measured p.p over frequency where there are 2.5 samples
any single cycle, any single cycle, per input cycle period at the maxi-
with TIME/DIV with TIME/DIV mum sampling rate (max sampling
switch set to 0.2 Ms switch set to 0.2 /s rate is 25 MHz in Single Trace or ALT
(X10 MAG off). (X10 MAG off). and 12.5 MHz in CHOP).

Accuracy at useful storage bandwidth
limit is measured with respect to a 6

division, 50 kHz reference sine wave.I0
PULSE Display Response Dc to 3.5 MHz, Dc to 1.75 MHz, For PULSE Display Response, useful

within +0.5, -1.5 within +0.5, -1.5 storage bandwidth is limited to that
dB, measured p.p db, measured p.p frequency where there are 7 samples
over any single over any single per input cycle period at the maxi-
cycle, with TIME/ cycle, with TIME/ mum sampling rate (max sampling rate
DIV switch set to DIV switch set to is 25 MHz in Single Trace or ALT and
0.2/Js (X10 MAG 0.2 /s (X10 MAG 12.5 MHz in CHOP).
off). off).

Accuracy at useful storage bandwidth
limit is measured with respect to a 6-
division, 50-kHz reference sine wave.

Useful Storage Rise Time Useful storage rise time is defined as
1.6 times the minimum sampling

NORM Storage Mode interval (40 ns in Single Trace or ALT
I and 80 ns in CHOP).

PULSE Display Response 64 ns. 128 ns.
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Table 1.1 (coat)

Characterisics Performance Requirements Supplemental Information

TRIGGERING

Sensitivity In EXT/IO, multiply requirements
by 10.

AC Coupled Signal 0.3 division internal or 50 mV external
from 30 Hz to 10 MHz; increasing to 1.5
divisions internal or 150 mV external up
to 100 MHz.

LF REJ Coupled Signal 0.5 division internal or 100 mV external Attenuates signals below approxi-
from 50 kHz to 10 MHz; increasing to mately 50 kHz.
1.5 divisions internal or 300 mV external
up to 100 MHz.

HF REJ Coupled Signal 0.5 division internal or 100 mV external Attenuates signals above approxi.
from 30 Hz to 50 kHz. mately 50 kHz.

DC Coupled Signal 0.3 division internal or 50 mV external
from dc to 10 MHz; increasing to 1.5
div;sions internal or 150 mV external up
to 100 MHz.

Trigger Jitter

Nonstorage Mode 0.5 ns or less at 100 MHz at 2 ns per
division (X10 MAG on).

Storage Mode ±1 sample period for data transmitted on Inherent ±1 sample jitter between
tne GPIB. See Jitter Correction Perform- sample clock and asynchronous trigger
ance Requirement.a is partial~v compensated ' r by the

jitter co:rection circuitry.

* External Trigger Inputs

Maximum Input Voltage 250 V (dc + peak ac).a
250 V (p-p ac at 1 kHz or less).a

Input Resistance 1 M12 within 10 %.a

* Input Capacitance Approximately 20 pF, within 30%.

LEVEL Control Range
EXT At least + and -2 V, 4 V p-p.

EXT/1O At least + and -20 V, 40 V p-p.

A External Trigger View
(Nonstorage Mode Only)

Deflection Factor Dc trigger coupling only; checked
with a 1 kHz signal.

EXT 100 mV per division i-5%.

EXT/10I1 V per division ±5%.

aPerformance requirement not checked in manual.
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Table 1-1 (oent)

Characteristics Performance Requirements Supplemental Information

TRIGGERING (cent) q

A External Trigger View

(Nonstorage Mode Only) (cont)

Rise Time 5 ns or less.a BW Limit at full (button out).

Delay Difference 4 ±_0.20 division (4_400 ps at 2 ns 5-dlv signal wit 5ns rie tim or less*

per division), from a 2&0 source; centered vertiy
with equal 5%0 cable Wth from sig
nal source to vertical channel and
external tr input connectors; ter-
minated in 50-0 at each input.

Centering of Triggering Point Within 1 division of center screen.

Flatness and Aberrations +10%, -10%, 10% P-P.

HORIZONTAL DEFLECTION SYSTEM

Sweep Rate (Nonstorage Mode)

Calibrated Range

A Sweep 0.5 s/div to 0.02 Ls/div in 23 steps m a
1-2-5 sequence. X10 MAG extends
maximum sweep rate to 2 ns/div.

B Sweep 50 ms/div to 0.02 ms/div in 20 steps in
a 1-2.5 sequence. X10 MAG extends
maximum sweep rate to 2 ns/div.

Accuracy Within the given percentages of the Accuracy specification applies over the
indicated value, full 10 div of the unmagnified sweep.

Unmagnified Magnified In X10 MAG, at TIME/DIV switch set.

+20 0C to +30"C Within 2% Within 3% ting of .02 ss, .1 gs, and .2 Ms, exclude

the first and last 50 ns of the sweep;
-15"C to +550 C Within 3%" Within 4 %a and at a TIME/DIV switch setting of

.5;&s, exclude the first 100ns of the.
sweep.

Two-Division Linearity Check ±+5% over any two-division portion (or
less) of the full 10 div. When in X10
MAG exclude first and last magnified

div when checking 2 ns,5 ns, and
10 ns/div rates.

Alternate Sweep Trace Separation > ±4 divisions.
(Nonstorage Mode Only)

Variable Range (A Only) Continuously variable between calibrated At least 2.5:1.
(Nonstorage Mode) settings of the A TIME/DIV switch. Ex-

tends slowest A sweep rate to at least
1.25 s/div.

'Performance requirement not checked in manual.
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Tlo 1-1 (ont)

Clara0'teistics I Perfomse RequiemNmt, I Supplemental Infomwtion

HORIZONTAL DEFLECTION SYSTEM (cent)

A Sweep Length (Nonstorage Mode) 10.5 to 11.5 divisions.

A Trigger HOLDOFF (Variable) Increases A sweep holdoff time by at
least a factor of 10 (Nonstorage Mode).
Storage holdoff time is a function of
microprocessor operation.

Magnifier Registration Within 0.2 division from graticule
center (X10 MAG on to X10 MAG
off).

POSITION Range (Horizontal) Start of sweep must position to right
of graticule center. End of sweep must
position to left of graticule center.

Differential Time Measurement Measurements , Measurements of With the A TIME/DIV switch at 0.5
* Accuracy (Nonstorage Mode) 1 or more major less than 1 major ps per division, or 0.2 gs per division,

dial divisions dial division the differential time measurement
- accuracy limit is valid only for

+15C to +350C Within 1% of ±0.01 major dial DELAY TIME POSITION dial settings
indicated value, division, between 1.50 and 8.50.

-15"C to +55 0C Within 2.5% of 1-0.03 major dial
indicated value.a division.a

Delay Time Jitter (Nonstorage Mode) One part or less in 50,000 (0.002% of
10 times the A TIME/DIV switch setting)
when operating on an ac-power-source
frequency above 50 Hz.

One part or less in 20,000 (0.005% of
I A TIME/DIV switch setting) when
I operating on a 50-Hz or lower ac-power

source frequency.a

Calibrated Delay Time (VAR Control Continuous from 0.2 ps to at least 5 s
in Calibrated Detent) after the delaying (A) sweep.

X-Y Operation (Nonstorage Mode
Only)

X-Axis Deflection Factor Same as vertical system, with X10
MAG off.

Variable Range Same as vertical system.

X-Axis Bandwidth Dc to at least 4 MHz. 10-division reference signal.

Input Resistance Same as vertical system.a

Input Capacitance Same as vertical system.a

'Performance requirement not checked in manual.

.... .. @1-9



%"tifltew-41 ba es Voeb I

Tom 1-1 lot)

Characteristics Performance Reuirements E Supplmntal Infmamion

HORIZONTAL DEFLECTION SYSTEM (cnt)

X.Y Operation (Nonstorage Mode
Only) (cont)

Maximum Usable Input Voltage Same as vertical system.a

Phase Difference Between X and Y Within 30 from dc to 50 kHz.
Amplifiers
Deflection Accuracy Graticule indication is within 4% of true

input voltage.

DIGITAL STORAGE HORIZONTAL ACQUISITION

Horizontal Resolution

Single Waveform Acquisition 9 bit. 512 data points (50 data points
per division across the graticule area).

Chopped Acquisition (NORM 8 bit. 256 data points per division (25
Storage Mode Only) data points per division across the

graticule area).

Range 5 s per division to 20 ns per division in
a 1-2-5 sequence.

At TIME/DIV switch sett:ngs of 5 s to~2 ps, waveform sampling rate is deter-

mined by the switch setting. From

1 us to 0.02/js per division, sampling
rate is at the 2/Ms per division rate.
Interpolation and analog gain are used
to expand the signal to the correct
horizontal scale.

Accuracy (Sample Period) Sample clock is within 0.01% of
selected sample period, -±50 ps ADC
aperture uncertainty.

Crystal oscillator:
00C to +700C
VcC = +5 v ±0.5 v.

Dynamic Range 10.24 divisions.

STORAGE DISPLAY

Vertical

Resolution 1 part in 1024 (10 bit). Calibrated for
__ _ _ _ _ 100 points per division.

Differential Accuracy Graticule indication of voltage cursor -
difference is within 2% of LED readout
value, measured over center six divisions.

*Performance requirement not checked in manual.
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Tam*e 1.1 (cont)

Carceristis Performance Requirements Supplemental Information

STORAGE DISPLAY (cont)

Vertical (cont)

- POSITION Range Any portion of a stored waveform
vertically magnified X10 can be
positioned to the top and to the
bottom of the graticule area.

Position Registration

NON STORE to NORM Within ± 0.5 division at graticule center
-! at VOLTS/DIV settings from 5 mV to

5 Vper division.

NORM, ENVELOPE, or AVG Within ±0.2 divisions at VOLTS/DIV
to SAVE settings from 5 mV to 5 V per division.

SAVE Mode Gain Range (Vertical) Up to X10 as determined by the set-
ting of the VOLTS/DIV switch.

ENVELOPE Fill 90% or more of a six division
ENVELOPE display.

Rise Time < 0.3 horizontal graticule division for
a five-division step, with horizontal
X10 MAG on.

Checked with no samples on the rising
edge of the waveform.

Aberrations +6%, -6%, 6% p-p or less on a five.
division step (fast rise) input.

• Horizontal

Resolution 1 part in 1024 (10 bit). Calibrated for
100 points per division.

Differential Accuracy Graticule indication of time cursor differ-
* ence is within 2% of LED readout value,

measured over center eight divisions.

SAVE Mode Gain Range Up to X100 as determined by the
- (Horizontal) setting of the TIME/DIV switch.

* Position Registration Sweep start between NON STORE and
Storage within ±0.2 division at TIME/
DIV switch setting of 1 ms.

Display Response (Selectable)

- SINE Microprocessor performs an inter-
* polation between data points that is
* optimized to produce the best response

for input signals that have no fre-
quency components above Fs/2, when
Fs is the sampling rate.

* REV APR 1-11
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Table 1.1 eocnt)

Chararistics Performance Requirements Supplmental Information

STORAGE DISPLAY (cant)

Display Response (Selectable) (cont)

SINE (cont) For a 6-divisior. sinusoidal input,
digitized at 2.5 samples per input cycle
and expanded 1oX with the TIME,
DIV switch, SINE Display Response
envelope distortion produces a maxi-
mum amplitude error at any peak
which is less than 5% of the ideally
reconstructed reference p-p amplitude,
assuming no distortion in the acquired
input signal.

PULSE Microprocessor performs linear inter-
polation between data points to
optimize the display response for fast-
rise and fast-fall waveforms (rise and
fall times faster than 3 times the
sampling interval).

For a 6-division, sinusoidal input at

seven samples per input cycle period,
PULSE Display Response envelope
distortion produces a maximum ampli-
tude error at any peak which is less
than 5% of the ideally reconstructed
reference P-P amplitude.

Jitter Correction Reduces effect of sample clock-to-
trigger jitter.

Gain 0.4 division, =10%, X1O MAG on.

Resolution :0.1 sample period for TIME/DIV
switch settings of 20 /s to 5 s per
division. -3 ns for switch settings of
0.02 us to 10ps per division.

NOTE
Due to inherent uncertainty
involved in the jitter correction,
the resolution will occasionally,
an random intervals, exceed the
limits given above.

READOUT DISPLAY

Display Type Four-digit, seven-segment LED
indicators.

VOLTS Readout Displays calculated voltage difference
between horizontal cursors in VOLTS
measurement m de. Scale factor is
determined by VOLTS/DIV switch

_setting.

1-12 @



Table 1-1 (coot)

(Characteristics Pet foimairie Raquitements Supplenmotai Inormion

READOUT DISPLAY (coot)

Display Type (cant)
VOLTS Readout (cont)

Resolution 1 pait in 1024 (10 bit).

TIME Readout IDisplays calculated time difference
between cursor dots in TIME measure-
ment mode. Scale factor determined
by setting of the appropriate TIM E/
DIV switch (A or 8).

Resolution i1 part in 1024 (10 bit).

NOTE
Scale-factor LED indicates measure-
ment is in DIV in the VOL TS

* measurement mode when vertical
UNCA L LED is illuminated, or
when different deflection factors

_ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _ Ka re u s e d in a d u a l-c h a n n e l in o d e 

____ ____-~__ ___CRT DISPLAY

Display Area 8 X 10cm.

Georyietry 0.1 division or less of tilt or bowing.

Trace Rotation Range Adequate to align trace with hori-
* zontal graticule lines. At least ±3f.

Standard Phosphor P1(re)

Nominal Accelerating Potential 18.5 kV.

* Electrode Voltages to Ground

Heater Voltage Between CRT 6.3 Vrms, ±3 V; elevated to -2450 V.
Pins 1 and 14

Cathode (Pin 2) -2450 V. t2%.

*Grid No. 1 (Pin 3) --- 2455 V to -2555 V.

Focus (Pin 4) -1780 Vto -2000 V.

Astigmatism (Pin 5) 0 Vto _-+9sV.

*Isolation Shield (Pin 7) +35 V, ±5 V.

First Anode (Pin 8) --+55 V.
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Table 1-1 (cent)

Charactenstics Perforncew Requiremnts I Supplermntal Information

Electrode Voltages to Ground (cont)CRDIPA 
Wot

Geometry (Pin 10) 1j0 to :t +95 V.

Mesh (Pin 12) -- -150 V.

CALIBRATOR

OUtPL. Voltage

00 C to +400 C 0.3 V, within 1.0% Within 0.5% at 250C, t5 0 C.

-I1E0 C to +55 0C 0.3 V, within 1.5%.

Repetition Rate Approximately 1 kHz. Within 25%.

Output Resistance IApproximately 10.3 1.

Output Current

+20 0C to +300 C 30 mA, within 2%.8

-15*C to +5 0t 30 mA, within 2.5%.

Z-AXIS INPUT

Sensitivity f5 V p-p signal causes noticeable IPositive-going signal decreases
modulation at normal intensity. Iintensity.

Usable Frequency Range Dc to 50 MHZ.a[

Input Resistance 25 kf2, within 10%. Decreases to
approximately 200 S1 at 2 MHz andJ
above.

Maximum Input Voltage SINA OUTPUTS___________ 25 V (dc +peak ac).

CH 1 VERT SIGNAL OUT

Output Voltage IAt least 50 mV per division of displayedI

signal into 1 Mfl. At least 25 mV per
division of displayed signal into 50 11.

Output Resistance Approximately 50 f2.

Bandwidth Dc to at least 50 MHz into 50 n2._____________

DC Level Approximately 0 V. Within 100 mV.

'Performance requirement not checked in manual.
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Charactenustics ftrormance Reqluirements Supplemental Information

* SIGNAL OUTPUTS (cont)

- A and 8 + GATES

Output Voltage Approximately 5.5 V. positive-going Starts at 0 V, within 500 mV.
rectangular pulse.

* Output Resistance jApproximately 500 n~.

- POWER SOURCE

AC-Source Voltage Ranges

115 V

(High) 108 V to132 V.3

(Low) 90 Vto 110OV.a1

230 V

*(High) 216 Vto 250 V.a

(Low) 198 V to242 V.a

AC-Source Frequency 48 Hz to 440 Hz.a

Power Consumption

0 - Typical 115 watts 0 40OVA).'

Maximum 15 at 10V)a48 Hz, 110 Vac, low regulating range.

*Characteristics Supplemental Information

INTERNAL POWER SUPPLIES

Any 500-Hour Period Accuracy From -15"C
Initial Setting After First 200 Hours Maximum p-p Ripple to 550C

Main Supply Accuracy
(+20"C to +30" C)

-8 V ±ao9% ±1.7% 2 mV jWithin 0.5% of 250C value

+5 V1 ±0.9% :1.7% 2 mV Within 0.5% of 25C value

+15 V ±0.9% t±1.7% 2 mV Within 0.5% of 250C value

+55 V ±0.3% :Oj4 mV Within 0.5% of 250C value

* -2450 V ±1.2% =2.2% 1-_ ___________

0+110 V ±3% 100 mV

Petrfofmmnce raqusrement not checked in manual.
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Table 1-1 1cont)

Chariecteristics ISupplemental Informationq

INTERNAL POWER SUPPLIES (cont)

Digital Storage Power1
Supplies (Not Adjustable)I

Voltage -6V +-2 5V + 12 V

Tolerance t4% ±5% +±4% ±5%

Maximum p-p Ripple 150 mv1±%

Table 1-2
Environmental Characteristics

Characteristics IDescription

NOTE
A#l of the environmental tests performed meet the require-

ments of MIL-T-288008,Class 3. Style D equipment.

Temperature4
Nonoperating (Storage) -62"C to +85"C.

Operating -15 'C to +55" C.

Altitude

Nonoperating (Storage) To 50,000 ft.

Operating To 15,000 ft.

Humidity (Operating and 5 cycles (120 hrs) referenced to MIL.T-28800B. Par 3.9.2.2. Class 3, 95% to
Nonoperating) 'J7% relative humidity.

Vibration (Operating) 15 minutes along each of 3 major axes at a total displacement of 0.025 inch p-p
(4 g's at 55 Hz), with frequency varied from 10 Hz to 55 Hz to 10 Hz in
1 -minute sweeps. Hold 10 minutes at each major resonance, or if no major
resonance present, hold 10 minutes at 55 Hz.

Shock (Operacing and Nonoperatang) I30 g's, half-sine, 1 1-ms duration, 3 shocks per axis in each direction, for a total
of 18 shocks.

EMI

Option 04 Only Meets TEKTRONIX Standard 062-2866-00 with exception of RE.02

specification being relaxed by 20 dB.
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Tle 1-3
Physcal Characteristics

O Characteristics Ooscription

Weight

With Panel Cover, Accessories, and Accessory Pouch 33 pounos (15 kg).

Without Panel Cover, Accessories, and Accessory Pouch 30 pounds (13.6 kg).

Domestic Shipping Weight 47 pounds (21.4 kg).

Height

With Feet and Pouch 7.5 inches (19.0 cm).

Without Pouch 7.2 inches (18.3 cm).

Width

With Handle 12.9 inches (32.8 cm).

Without Handle 11.5 inches (29.2 cm)

Depth
Including Panel Cover 21.7 inches (55.1 cm).

Handle Extended 23.7 inches (60.2 cm).

0

0
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Table 14

Option Electrical Characteristics

Characteristics Performance Requirement Supplemental Information

GENERAL PURPOSE INTERFACE BUS (GPIB) OPTION 02

Interface Function& SHi Source Handshake.
AH 1 Acceptor Handshake.

T1 Basic talker, talk only mode,
serial poll.

LO No Listener.

SR1 Service Request.

RLO No Remote/Local.

PPO No Parallel Poll.

DC2 Device Clear.

DTO No Device Trigger.

CO No Controller.

Waveform Data Transmitteda Conforms to Tektronix Interface When no waveform has been acquired.
Standard, GPIB Codes and Formats only the ID portion of the waveform

i (Rev. C). message will be transmitted.

SIGNAL AVERAGING OPTION 12

Averaging Range Two to 256 waveforms in a 2-4-8 binary Uncorrelated noise, signal-to-noise
1 sequence. Number of sweeps to be ratio is improved by the square root of

averaged set with CURSOR/NO. OF the number of waveforms averaged. V
SWEEPS control knob when NO. OF
SWEEPS push button (on side panel) is
pressed in.

aPerformance requirement not checked in manual.

!0
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* Tektronix 2465 Oscilloscope

The following is an excerpt of Tekctronix Oscilloscope, Model 2465,
* Instruction Manual, March 1984.
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] WARNING
THE FOLLOWING SERVICING INSTRUCTIONS
ARE FOR USE BY QUALIFIED PERSONNEL ONLY.
TO AVOID PERSONAL INJURY, DO NOT
PERFORM ANY SERVICING OTHER THAN THAT]e CONTAINED IN OPERATING INSTRUCTIONS
UNLESS YOU ARE QUALIFIED TO DO SO.

PLEASE CHECK FOR CHANGE INFORMATION
IAT THE REAR OF THIS MANUAL.

2465
OSCILLOSCOPE

]SERVICE

INSTRUCTION MANUAL
Tektronix, Inc.
P.O. Box 500
Beaverton, Oregon 97077 Serial Number
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SPECIFICATION

INTRODUCTION For part numbers and further information about both
standard and optional accessories, refer to either "Options
and Accessories" (Section 7) in the Operators manual or] The TEKTRONIX 2405 Oscilloscope is a portable the Accessories information at the rear of this manual.

300-MHz instrument having a four-channel vertical deflec- Your Tektronix representative or local Tektronix Field
tion system. Channel 1 and Channel 2 provide calibrated Office can also provide accessories information and
deflection factors from 2 mV per division to 5 V per ordering assistance.
division. For each of these channels, input impedance is
selectable between two values: either 1 MS1 in parallel
with 15 pF, or 50 Q internal termination. Input-signal
coupling with 1-ME impedance can be selected as either
AC or DC. Channel 3 and Channel 4 have deflection factors

of either 0.1 V or 0.5 V per division. Each of these channels
has an input impedance of 1 Mn in parallel with 15pF,
with DC input-signal coupling. Trigger circuits enable stable PERFORMANCE CONDITIONS
triggering over the full bandwidth of the vertical system.

7The following electrical characteristics (Table 1-1)
The horizontal deflection system provides calibrated are valid for the 2465 when it has been adjusted at an

* sweep speeds from 1.5 s per division to 500 ps per division, ambient temperature between +200C and +300 C, has had
Drive for the horizontal deflection system is obtained from a warm-up period of at least 20 minutes, and is operating

. a choice of A, B delayed, A alternated with B delayed at an ambient temperature between -150 C and +550C
sweeps, or CH 1 (for the X-Y display mode). (unless otherwise noted).

The 2465 incorporates alphanumeric crt readouts of the
vertical and horizontal scale factors, the trigger levels,
time-difference measurement values, voltage-difference Items listed in the "Performance Requirements" column
m e vare verifiable qualitative or quantitative limits that define

the measurement capabilities of the instrument.

The 2465 Oscilloscope is shipped with the following
standard accessories:

2 Probe packages Environmental characteristics are given in Table 1-2.
1 Snap-lock accessories pouch The 2465 Oscilloscope meets the environmental require-
1 Zip-lock accessories pouch ments of MIL-T-28800C for Type III, Class 3, Style C
1 Operators manual equipment, with the humidity and temperature require-
1 Service manual ments defined in paragraphs 3.9.2.2, 3.9.2.3, and 3.9.2.4.
1 Operators pocket reference card
1 Fuse
1 Power cord (installed)
1 Blue plastic crt filter (installed)
1 Clear plastic crt filter Mechanical characteristics of the 2465 are listed in
1 Front-panel cover Table 1-3.

9



Table 1.1 (cont)

21* ataracteristic Performance Requivrents2 VERTICAL DEFLECTION SYSTEM-CHANNEL 1 AND CHANNEL 2 (cont)0

Common-mode Rejection Ratio (CMRR) At least 20:1 at 50 MHz for common-mode signals of eight divisions
or less. with VAR VOLTS/DIV control adjusted for best CMRR at
5 0 k Hz at any VO LTS/D IV switch setting f romn 5 mV to 5 V per
division; at least 20:1 at 20 MHz for the 2-rnV-per-division switchI ~ ~ ~~~~~~~~~~~stigretra.naina 0 ~,fra ih-iiinipj

]Channel Isolation 100:1 or greater attenuation of the dleselected channel at 100 MHz;

signal from 2 mV per division to 500 mV per division, with equal
VO LTS/D IV switch settings on both channels.

Displayed Channel 2 Signal Delay with Respect Adjustable through a range of at least -500 ps to +500 ps.
to Channel 1 Signal

input R ais- (1 MS2)
Resistance 1 M12 ±0 .5%.a

2Capacitance 15 pF±2pF~a

Maximum Input Voltage 400 V(dc +peak ac),-2 800 V p-p ac at 10 kHz or less~a

Input R (50 QZ)DResistance 50 Q ±1%.a

VSWR (DC to 300 MHz) 1.3:1 or less~a

JMaximum Input Voltage 5 V rms; 0.5 W-seconds during any 1-s interval for instantaneous
voltage from 5 V to 50 V.

Cascaded Operation
~2Bandwidth Dc to 50 MHz or greater.

-]Deflection Factor 4000i per division ±10%.-

VERTICAL DEFLECTION SYSTEM-CHANNEL 3 AND CHANNEL 4

VaflesoFco 0. 1 V per division and 0.5 V per division.

1Accuracy Within ±10%.

Frequency Response Six-division reference signal, from a terminated 5042r system.

-3-dB bandwidth I -4.7-dB bandwidth
with standard-accessory probe Iwith external 50-11 termination

-150 C to +350C DC to 300 MHz IDC to300 MHz

4-35C to +55C jC Dto 250MHz DC to 250 MHz

] Porformance Requirmnt not choced in mianual.
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Table 1-1 (cont)

tCharmteristics 7 Performance Requiremenu

TRIGGERING (cont)

Minimum P-P Signal Amplitude for Stable Amplitudes are one-half of Channel 1 or Channel 2 source
Triggering from Channel 3 or Channel 4 Source specification.

Minimum P-P Signal Amplitude for Stable Add 1 division to single-channel source specification.
Triggering from Composite, Multiple Channel
Source in ALT Vertical Mode

Maximum P-P Signal Rejected by NOISE REJ
COUPLING for Signals Within the Vertical Bandwidth

Channel 1 or Channel 2 Source 0.4 division or greater for VOLTS/DIV switch settings of 10 mV and
higher. Maximum noise amplitude rejected is reduced at 2 mV and
5 mV per division.

Channel 3 or Channel 4 Source 0.2 division or greater.

Jitter Less than 50 ps at 300 MHz with A and B SEC/DIV switch set to
5 ns and X10 MAG on.

LEVEL Control Range

Channel 1 or Channel 2 Source -18 times the VOLTS/DIV switch setting.a

Channel 3 or Channel 4 Source -9 times the VOLTS/DIV switch setting.a

L, EVEL Control Readout Accuracy (for triggering
signals with transition times greater than 20 ns)

Channel 1 or Channel 2 Source

DC Coupled
+150C to +300 C Within = [3% of setting + 3% of p-p signal + 0.2 division + (0.5 mV

x probe attenuation factor)].

50Cto +55C jAd (1.5 mV x probe attenuation factor) to the specification listed(excluding +150C to +300C) for +150C to +30C.

NOISE REJ Coupled Add -+0.6 division to the DC Coupled specification.

Channel 3 or Channel 4 Source (DC Coupled) Within = [3% of setting -,- 4% of p-p signal + 0.1 division - (0.5 mV
x probe attenuation factor)].

NOISE REJ Coupled Within = [3% of setting - 4% of p-p signal - 0.4 division - (0.5 mV
x probe attenuation factor)].

SLOPE Selection Conforms to trigger-source waveform or ac power-source waveform.

AUTO LVL Mode Maximum Triggering Signal Period

A SEC/DIV Switch Setting Less than 10 ms At least 20 ms.a

A SEC/DIV Switch Setting from 10 ms to 50 ms At least four times the A SEC/DIV switch setting.a

A SEC/DIV Switch Setting from 100 ms to 500 ms At least 200 ms.'

aPirformance Requirement not chocked in manual.

ii
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Table 1-1 (cont)

Characteristies Performanw Requirements

HORIZONTAL DEFLECTION SYSTEM (Wont)

Timing Accuracy (SEC/DIV VAR control out of Add 2% of time interval to the A and B Sweep Accuracy
detent) specification.

Timing Accuracy (-150 C to +150C and +350C Add -0.2% of time interval to all At and delay specifications. Add
to +5C) ±0.5% of time interval to A and B Sweep accuracy specifications."

.lt Readout Resolution Greater of either 10 ps or 0.025% of full scale.'

At Range - 10 times the A SEC/DIV switch setting.'

Delay Pickoff Jitter Within 0.004% (one part or less in 25,000) of the maximum 0
available delay, plus 100 ps.

Delay Time Position Range 0 to 9.95 times the A SEC/DIV switch setting. Main sweep triggering
event is observable on delayed sweep with zero delay setting.8

X.Y Operation

X-Axis Deflection Factor

Range Same as Channel 1.i

Accuracy Same as Channel 1.

Variable Range Same as Channel 1.a

SX-Axis Bandwidth Dc to 3 MHz.

Input R and C Same as Channel 1.a

Phase Difference Between X and Y with Normal 10 or less from dc to 1 MHz;
Bandwidth 30 or less from 1 MHz to 2 MHz.

X-Axis Low-Frequency Linearity 0.2 division or less compression or expansion of a two-division,
center-screen signal when positioned within the display area.

] CURSOR AND FRONT-PANEL DISPLAY

Cursor Position Range

Delta Volts (AV) At least the center 7.6 vertical divisions.

Delta Time (At) At least the center 9.6 horizontal divisions.

Minimum Setup Time Required to Maintain 10 seconds or less."'
Front-panel Settings at Power-down

'iPrfomance Requirement not checked in manual.

1-7
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TaMe 1-1 (sont)

- Characteristics Performance Requirements

AC POWER SOURCE

Source Voltage

Ranges

115V 9OVto 132 V.4

230 V 180 V to 250 V.'

Source Frequency 48 Hz to 440 Hz.'

Fuse Rating 2 A, 250 V, AGC/3AG, Fast blow;
or 1.6 A, 250 V, 5 x 20 mm, Quick.acting (F).3

Power Consumption

Typical 70 W (140 VA)."

Maximum 120 W (180 VA).'

Primary Circuit Dielectric Voltage Withstand Test 1500 V rms, 60 Hz for 10 s without breakdown. a

Primary Grounding ; Type test to 0.1 f2 maximum. Routine test to check grounding
continuity between chassis ground and protective earth ground.a

'Performance Requirement not checked in msnug.

1-
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Table 1.3

Mechanical Characteristics

Wg Characteristics Description

.1 Weight
With Accessories and Pouch 10.2 kg (22.4 Ib).

Without Accessories and Pouch 9.3 kg (20.5 Ib).

Domestic Shipping Weight 12.8 kg (28.2 Ib).

Height

With Feet and Accessories Pouch 190 mm (7.5 in).

Without Accessories Pouch 160 mm (6.3 in).

Width (with handle) 330 mm (13.0 in).

Depth

With Front-Panel Cover 434 mm (17.1 in).

With Handle Extended 505 mm (19.9 in).

Cooling Forced-air circulation.

Finish Tektronix Blue vinyl-clad material on aluminum cabinet.

Construction Aluminum-alloy chassis (sheet metal). Plastic-laminate front
panel. Glass-laminate circuit boards.

0
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* Hewlett Packard Synthesizer/Function Generator

The following is an excerpt of Hewlett Packard Synthesizer/Function
* Generator, Model 3325A, Manual Part No. 03325-90001, January 1981.



C4jI HEWLETT
PACKARD

OPERATING AND SERVICE MANUAL

MODEL 3325A
SYNTHESIZERIFUNCTION GENERATOR

Serial Number 174SA04551

IMPORTANT NOTICE

This manual applies to instruments with the above serial number
and greater. As changes are made in the instrument to improve
performance and reliability, the appropriate pages will be revised
to include this information.

To prevent potential fire or shock hazard, do not
expose equipment to rain or moisture.

Manual Part No. 03325.90001

Microfiche Part No. 03325-90051

@Copyright Hewlett-Packard Company 1978
P.O. Box 301, Loveland, Colorado 80537 U.S.A.

Printed: January 1981



Model 3325A General Ifdormado

SECTION I
GENEr 'L INFORMATION

1.1. INTRODUCTION. 1-8. The Model 3325A is fully programmable through
the rear panel Hewlett-Packard Interface Bus (HP-Il)

1-2. The Operating and Service Manual contains infor- connector. A device such as a programmable calculator
mation required to install, operate, test, adjust, and ser- is capable of remotely controlling the 3325A. Interface
vice the Hewlett-Packard Model 3325A Synthesizer/- information is given in Section I1 of this manual, and
Function Generator. The Operating Information Sup- programming information is in Section 111.
plement is a copy of the first four sections of the
Operating and Service Manual. It also includes the 1-1. SPECIFICATIONS.
Operational Verification procedures from Section IV,
which may be used for incoming inspection. The supple. 1-10. Instrument specifications are listed in Table 1-1.
ment should be kept with the instrument for use by the These specifications are the performance standards or
operator. The part numbers of both the Operating and limits against which the instrument is tested. Any
Service Manual and the Operating Information Supple- changes in specifications due to manufacturing, design
ment are shown on the title pages. or traceability to the U.S. National Bureau of Standards

are included in Table 1-1 of this manual and/or the
1-3. Also shown on the title page of this manual is a Manual Changes Supplement. Specifications listed in
Microfiche part number. This number can be used to this manual supersede all previous specifications for the
order 4 x 6 inch transparencies of the Operating and Model 3325A.
Service Manual. Each Microfiche contains up to 96
photo-duplicates of the manual pages. The Microfiche
package includes the latest Manual Changes supplement
as well as pertineat Service Notes. 1-11. SUPPLEMENTAL OPERATING INFORMATION.

1-4. Additional copies of the Operating and Service 1-12. Table 1-2 contains information describing general
Manual, Operating Information Supplement, or Service operating characteristics of the 3325A. This informa-
Notes can be ordered through your nearest Hewlett- tion is supplemental operating information and is not to
Packard Sales and Service Office. (A list of these offices be considered as specifications.
is provided at the end of this manual.)

1-13. REMOTE CONTROL
1.5. INSTRUMENT DESCRIPTION.

1-14. Table 1-3 lists the HP-IB interface capabilities of
1-6. The Model 3325A Synthesizer/Function Generator the Model 3325A in conformity with IEEE Standard
produces the following signals at a minimum frequency 488-1975, "Standard Digital Interface for Program-
of 1 AHz and maximum frequency of: mable Instrumentation". HP-IB response times are

Sine wave 20 MHz given in Table 1-4.
Square wave 10 MHz
Triangle 10 kHz 1-15. OPTIONS.
Positive slope ramp 10 kHz
Negative slope ramp 10 kHz 1-16. The following options extend the frequency

Frequency may be selected with up to eleven digits of stability and output amplitude capabilities of the Model
Freqenc ma beselcte wit upto levn dgit of 3325A:

resolution. Output amplitude is 1 mV to 10 V peak-to-

peak. The output level may also be selected or displayed Option 001 High Stability Frequency Reference
in V rms or in dBm (50 ohms). Any function may be dc Option 002 High Voltage Output
offset up to ± 4.5 V, or the output may be dc only up to
± 5 V. An optional high voltage output produces up to The following options indicate the fine voltage to which

40 V p-p into ; 500 ohms load. the instrument was set at the factory:

1-7. Frequency sweep of all functions is provided in Option 100 Nominal 100 V ac
linear or log sweep, at sweep times of 10 milliseconds to Option 120 Nominal 120 V ac
99.99 seconds for linear sweep. Maximum time for log Option 220 Nominal 220 V ac
sweep is 99.99 seconds and minimum time is 2 seconds Option 240 Nominal 240 V ac
for single log sweep and 0.1 second for continuous log Option 240 Nominal 240 V ac
sweep. Single linear sweep may be up or down, while
continuous sweep is up/down/up, etc., in the linear
mode and up/up, etc., in log mode.

I-I
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Tabb 1.1. 8"uuflathe Cur

Accuracy of DC Offset OInto 50 ohmns): Aging Rate: * 5 x 1o*1 per week (aftemr 72 hours
*DC Only IfNo AC Function): *0.4% of full output for continuouse operation)

each range *I10 7 0pr month fafter 15ay
continuous operation)

"Except lowest attenuator range where accuracy is t
20 #IV.

DC + AC. s I MI-z: t*1.2%, Ramps ±t2.4% OPTION 002
0DC +AC. > 1MHz: *3 % UN VlTAGE 9UTPUT

AWWTVu 111100AT1 le SW Fatsa Frequency Range:

Modulation Env@lo" Distortion: - 30 dB to 80% modula- Sine and Square Wave: 1 *Hz to 1 Mliz
tion at 1 kliz, 0 V dic Offset Triangle and Ramps: I p1*z to 10 k~lz

PKU OUSET Amplitude:
*Range: 4 mV p-p to 40 V p-p (at 500 0, < 500pF

Range: r 7 19.9 *with respect to arbitrary starting load) maximum output current, 40 mA p-p
phas, orassined ero haseAccuracy lat 2 kHz): :t 2% of full output for each

Resolution: 0. 1 0 range
Stability: *t 10 phsel/C
increment Accuracy: t 0. 20 Flatness: ±t 10% of programmed amplitude

*PNASE MOOUUTION DC Offset:

Linearity (Sine Function): ±t 0.5%. best fit straight line Range: 4 times the range of the standard instrument

SYNC OUTPUT Accuracy: ± 01% +25 mV) of full output for each
range

Output Levels into 50 ohms:
Square wave with V,,,, > + 1. 2 V, vt, < + 0_z v Signal Characteristics:

* Sine Wave Harmonic Distortion (relative to the fun-
X OIUVE OUTPUT damental frequency at full output into ;- 500 ohms,

< 500 pF)
Amplitude: 0 to + 10 V dc linear ramp proportional toFudmnaNoarni
sweep frequency (sweep up only) Frequmenyl GreaermThn

Linearity. 10% to 90%, best fit straight line:10zto5kz-5B
* ± 0. 1 % of final value. Specified for all linear sweep 50 Hzi to 20 k)-z - 60 dB

widths which are integral multiples of the minimum50kzt20kz- 0d
sweep width for each function and sweep time. 200 kliz to I MHz - 40 dB

OPTIoN Oil Square Wave:
Rise/Fall Time: <1 00 nanoseconds. 10% to 90%

MU STAIUT FNINY REFIRN CE at full output with a 500 ohm. < 500 pF load

Amiet tailty 5x10 a(00 to 55 OC referenced to Overshoot: < 10% of peak amplitude with ;r 500
AmbentStbilty: C) ohm, < 500 pF load

TAWl 1.2 uPhlitul Iuffrmation

NIAIN SIGNAL OUTPUT 4 1 30 299.9 mV to 100.0 mV
*5 100 99.99 mV to 30.00 mV

50 0 Impedance 6 300 29.99 mV to 10.00 mV
7 1000 9.999mV to 3.000mV

BNC Connector, switchabla to front or rmar panel (not 8 3000 2.999 mV to 1.000 mV
switchable with Option 002)

DC Off sat Only:
May be floated a maximum of * 42 V peak (ac + dc)
from chassis (earth) ground Range Attionuation Amplitude

*No. Factor (Peak-to-Peak)
Amplitude Ranges:

All AC Functions (with no dc offset): 1 1 5.000 V to 1. 500 V
2 3 1.49Vto 500.Q mV

Rang* Attenuation Amplitude 3 10 499.9 mV to 150.0 mV
No. Factor (Peak-to-Peak) 4 30 149.9 mV to 60.00 mV

5 100 49.99 mV to 1.00mV
I 1 I 10.00V to 3.000V 6 300 14.99 mVto .000mV

*2 3 I 2.999SVto .000V 7 11000 4.99 mV to 1.500 mV
3 10 999.9 mV to300.0mV 8 3000 1.49mVto 1.000mV



Model 3325A Oenaraj Informadoe
TAkl 1.2. SePblmusul 111111M111 9Wt4

x Or"v Output ISweep up onl): FRequency Switchiiig aNd Settlqn Time:*
Ampilitude: 0 to + 10 V Mosea ramp proportona to<10mtorhiIHzffna sk or00kz9sweep frequency<0metwthnIH fialvkefr10k pn

Connector: Rear panel ONC < 2S ma to withi I MR of final value for 1 M~lz Spain

Z Blank Output: < 7Omsto within I Hz of final valuefor 20MHz opan
Levels ITTL. compatible voltage levels):

Linear Sweep: Phase Switching and Setngq Time:*
Single: Low at start of sweep. High at stop.Re- < 15 anto within 900ofhs" elk for 20MHz fre-0
mains Hligh until start of next sweep. quecv change

Continuous: Low during sweep up. High during Amplitude Switching Time:*
sweep down. < 30 ma to within amplitude apeocificatione

Log Sweep: *Times shown are in addition to programming time
Single: Low at start of sweep, High at stop. Re. ~m
mains High until start of next sweep.

Continuous: Low during sweep. Goes High Operating Environment:
momentarily at stop frequency. Temperature: 00 to 550C

10 MHz Oven Reference Output, Option 001, for ph~ase Rltive: Huiiy 15,0%0 ftt.4
locking the 3325A to the optional high stability frequency Attd:~1,0 t
reference: Storage Temperature: - 500 to + 75 0 C

Amplitude: 0 d~m, 50 ohms Storage Altitude: s 50,000 ft.

Connector: Rear panel INC. Must be connected to Power Requirements:
the rear panel EXT REF IN connector. 100/1 20/220/240V + 5%- 10%.48 to 68 Hi

60 VA. 100 VA with all options. 10 VA standby

Dimensions in millimeters and (incheul:
REMOTE CONTROL

132 6 15%/. high x 425.5 (16%.) wide x 497.8
Hewlett-Packard Interface Bus (HP-lW3 Control: (HP-lB is (19- 518) deep
Hewlett-Packard Company's implementation of IEEE Stan-
dard 488-1975). Time shown is in addition to programm- Weight in kilograms and (Ibs):
ing time.

Net weight: 9120)
Shipping Weight: 14.5 (32)

The following accessory options are also available for 1.11. ACCESSORIES AVAILABLE.
the Model 3325A:

1-20. The following accessories are available for use
Option 907 Front Handle Assembly with the Model 3325A:
Option 908 Rack Mount Flange Kit
Option 909 Rack Mount Flange Kit/Front Number Description

Handle Assembly
Option 910 Additional Operating and Service 1 1048C 50 ohm Feedthru Termination0

Manual 11 356A Ground Isolator

03325-8000 Oven Board Assy. (Converts 3325A to
Option 001)

1-17. ACCESSORIES SUPPIED. 03325-8002 High Voltage Option (Converts 3325A
to Option 002)

1-18. A special connector is supplied with the High 5061-007 Rack Mount Flange Kit (Option 906)
Stability Frequency Reference Option 001 for connect- 5061-0083 Rack Mount Flange/Front Handle Kit
ing the rear panel Reference Output to the Reference In- (opton 909)

put Ths cnncto isPanNo 120-1".5061-=09 Front Handle Kit (Option 907)

1-5



Hewlett Packard 8082A Pulse Generator

The following is an excerpt of Hewlett Packard Pulse Generator,
Model 8082A, Operating and Service Manual No. 08082-90003, Sept.
1983.



i OPERATING AND SERVICE MANUAL

8082A

. PULSE GENERATOR
U

i'
SERIAL NUMBERS

U

This manual applies directly to instrument with serial number
*1822G02846 and higher. Any change made in instruments having serial

numbers higher than the above number will be found in a "Manual
* Changes" supplement supplied with this manual. Be sure to examine the

supplement for changes which apply to your instrument and record these
changes in the manual. Backdating information for instruments with
lower serial numbers can be found in Section 7 (yellow pages).

c HEWLETT-PACKARD GMBH 1983
* HERRENBERGER STR. 110, D-7030 BOBLINGEN

FEDERAL REPUBLIC OF GERMANY

I

U

MANUAL PART No. 08082-90003 PRINTED SEP 1983

MICROFICHE PART No. 08082-90503 Printed in the Federal Republic of Germany
1 lI iII _



SECTION 11-

GENERAL INFORMATION - l

1-- -1 INTRODUCTION I-5 Gate Mode. In this mods a gating signal
-- eables the pulse and trigger outputs.

e1-2 The 8082A is a 250 MHz dual channel pulse
o source with variable leading and trailing edge transition•

times as fast as Ins. It also has variable pulse frequency, 1-6 External Widt Mods. In this mode the pulse
delay, width, offset and amplitude. The norml/comple- frequency and width are determined by the frequency
ment relationship and the polarity of either output can and width of an externally applied signal. The delay be.
be reversed Single pulse, double pulse and square wave tween input and output is fixed. The trigger output
operation are available. There are also four trigger is the shaped trigger input signal.
modes:

1-3 Normal Mode. In this mods the 8082A o1e- 1-7 ECL OUTPUT
ares as a self-contained pulse source with full control
of the pulse parameters from the front panel controls.

1-8 The 8082A has an ECL position on each of
" its amplitude range switches. When either or both of •

1-4 Ext Trig Mods. In this mode the pulse and the switches are set to this position, both 8082A outputs
trigger output frequencies are determined by the fro. automatically deliver a fixed voltage swing of -0.9V to
q €uency of an externally applied signal. The other pulse -1.7V typical (into an open circuit) for driving ECL
parameters are varied from the front panel controls. logic.

I 0
0|

U.

U.

a
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1-,2.. . .. .. ...

Ta"~e 1-1 Specifications

Them specifications apply when: 1) bo*l outputs are 2) the internal %12
terminated by a 5041 source impedance is
load, selected.

PULSE CHARACTERISTICS
(Source and load impedance S0l)

Transition Times:, Ins to 0.Sms in TIMING Slope Control: Positive, negative or
6 ranges. First range from < ins to manual selectable. In the MAN-posit-
5nscontrolsleadingandtrailingedges Repetition Rat: > 250 MHz to ion all ext. functions can be con-
simultaneoulsy. For all other ranges < 1 kHz in 6 ranges. trolled by push button. Button
transition times variable independent- Period Jitter: < 0.1% + 50ps pushed in simulates an "on-signal".
ly up to 1:10. Delay: < 2ns to > 0.5ms in 6 ranges Sensitivity: Sine-wave > 200mVpp,

Difference between risetime and fall- plus typ. 18ns fxd. with respect to pulses > 200mV.
time is less than 25% of the faster trigger output. Repetition Rate: 0 to > 250 MHz.
transition time of the two. Delay Jitter:< 0.1% + 50ps

Overshoot and Ringing: < ± 5% of Ext.-Controlled ModesDouble Pulse: Up to 125 MHz max
pulse amplitude may increase to

10% with amplitude vernier CCW. (simulates250MHz).Min pulse spacing Ext.Trigger: There are approximately
> 4ns. 7ns delay between the external input

Preshoot < ± 5% of pulse amplitude, and the trigger output. Rep.-Rate is
ext. controlled (is triggered by exter-

Linearity: Linearity aberration for Pulse Width: < 2ns to > 0.Sms in 6 nal signal). Trigger output provides
both slopes < 5% for transition times ranges. the pulse-shaped input signal. Square
>Sns. Width Jitter: < 0.1% + 50ps wave mode is disabled

Output: Maximum amplitude is 5V Width Duty Cycle: > 50% Synchronous Gating: Gatong signal
from 50S2 into 50Q. Maximum out- Square Wave: A further position of turns rep, rate generator on. Last
put voltage is ± 5V (amplitude + off- the Pulse Width switch provides pulse is of normal width even if gate
set) Square Wave output (Delay and ends during the pulse.

Offset > ± 2V, into 50 2 double pulse are disabled, max. Rep External Width: Output pulse width
Rate 250 MHz) Duty cycle is 50% determined by width of drive input.

Baseline: OV ± 150mV with offset ± 10% up to 100 MHz, 50% ± 15% Rep. Rate and Delay are disabled.
switched off and amplitude range for > 100 MHz Trigger output provides shaped input
set to maximum. Other amplitude signal.ranges reduce basehineproportionately. Trigger Output: Negative going ga

Square Wave (50% duty cycle typ.) OPTIONS
DC-Source Impedance: 50Q t 5% > 500mv from 50R into 50OO.
Reflection Coefficient: Reflection is internal 50R load can be switched Option 907 Front Handle Kit
2% typical for steps with Ins rise time off by slide-switch on PC-board, Option 908 Rack Flange Kit
applied to output connector on all Amplitude increases to > IV into Option H171 Rack Flange plus Front
amplitude ranges except 5V range. 50n up to 200 MHz Handle Kit
On the 5V range, the reflection may Titgon Op0 Additional Instrument
be 15%. Triger Output Protection: Cannot Manual
Output protection: Cannot be da- be damaged by short circuit or appli-
maged by open or short circuits or cation of external ± 200mA.
application of ext < ± 6 volts or EXTERNALLY CONTROLLED GENERAL

± 200mA independent of control set - OPERATION Power Requirements 10V. 120V,
tings. 220V, 240V (+5%. -10%) 48 - 440
Attenuator: Two separate three step- External Input Hz. Power consumption 85VA max
attenuators reduce the outputs to l V. Input Impedance. F, ± 10%. DC Weight Net 7.9 kg (17.44 Ibs),
Vernier is common for both outputs coupled. Wig 8 .9 kg (19.63 lbs).
and reduces the output to 0.4V Maximum Input: ± 6V shipping 8.9 kg (19.63 Ibs).
minimum. A further position pro- Dimensions: 426mm wide, 145mm
videsECL-compatibleoutputs(-09V Trigger Level: Adjustable -1.5V to high, 380mm deep 16 3/4 ins. x
to -1,7V typ. open circuit). +1.5V. 5 11/16 ins. x 15 :,i.).



0 Hewlett Packard 5316A 100MHz Universal Counter

The following is an excerpt of Hewlett Packard 100MHz Universal
0 Counter, Model 5316A, Operating and Service Manual, May 1981.
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Model $31A
General Information

TabO 1.1. Model 5316A Specfications

INPUT CHARACTERISTICS
(Channel A and Channel 5) top: .1 Hz to 100 MHz. both c-annels. r

C coupled, 0 to 100 MHz. Z5 x Perod
AC coupled. 30 Hz to 100 MHz. Gate Time

Sendllty: where "Period" is the period of the highest frequency
10 mV rms sine wave to 10 MHz. input signal.
25 mV rms sine wave to 100 MHz. aahdn: 0
75 mV peak-to-peak pulse at minimum pulse width of S ns. FREQ A> FREQ B
Sensitivity can be varied continuously up to 500 mV rms B Trigger Error
NOMINAL by adjusting sensitivity control. In sensitivity Gate Time
mode, trigger level is automatically set to OV NOMINAL. FREQ 8 > FREQ A

Dynamk lRane: 2.5 X Period A x Ratio
30 mV to SV peak-to-peak, 0 to 10 MHz. Gate Time (Rounded to nearest decade)
75 mV to SV peak-to-peak, 10 to 100 MHz.

Signd Operatng Range: +2.SV dc to -2.SV dc. ± A B Trigger Error x Ratio
Coupling: AC or DC, switchable. Gate Time
fiter: Low pass, switchable in or out of Channel A. Accuracy: Same as resolution.

3 dB point of NOMINALLY 100 kHz.
Impedance:

1 Mn NOMINAL shunted by less than 40 pF. TOTALIZE
Aftenuator: Xl or X20 NOMINAL. Manual:
Tiggew Level: Variable between +2.SV dc and -2.5V dc. Range: 0 to 100 MHz.
Slope: Independent selection of + or - slope. A Gated By 8:
Common Input: All specifications are the same for Common A Totalizes input A between two events of B. Instrument must be

except the following: reset to make new measurement. Gate opens on A slope, closes
Sensitivity: 20 mV rms sine wave to 10 MHz. on B slope.

SO mV rms sine wave to 100 MHz, 150 mV peak-to-peak. Range: 0 to 100 MHz.
Dynamic Range: 60 mV to SV peak-to-peak 0-10 MHz, Resolution: ±1 count.

150 mV to SV peak-to-peak 10-100 MHz. Accuracy: ±1 count ± 8 Trigger Error X Frequency A.
Impedance: 500 kf1 NOMINAL shunted by less than 70 pF.

Damage Level:
AC & DC X 1: PERIOD

DC to 2.4 kHz 250V (DC + AC rms) Range: 10 ns to 105 s.
.4 kHz to 100 kHz 6 x 105V rms x Hz)/FREQ LSD Dkplayed: 100 ns to 1 fs depending upon gate time and

>100 kHz 6V rms input signal. At least 7 digits displayed per second of
AC & DC X 20: gate time.

DC to 28 kHz 500V (DC + AC peak) Ieslutkmt
28 kHz to 100 kHz 11 x 107V rms x Hz)/FREQ For PER >100 ns;
>100 kHz 100V rms Trigger Error x PER.

Gate Time
For PER <100 ns; ± LSDtt

Accuuac ± Resolution ± (time base error) x PER.

Eane: tNCY (Channel A) tBest Case Resolution for 1 Second Gate
LS ipae: 10 Hz to I nHz depending upon gate me oft I W ohm we It* s W is MW 14MW

time and input signal. At least 7 digits displayed per SO mV rm %.0WHz ±.00W6H& !=,04 z 2.1H4 !.11 Hz 1 Hz ±*Ha

second of gate time
tiso bdkon: VC # mV zr 2=2 Hz 1.O Hr i.0012 Hz 1.01 Hz 2.1 Hs =I Hi zIf Hi

For FREQ <10 MHz; i00 mV rns ±.00WHz --0014 Hi .0011 Hzt 01 Hz .1 it Hz _110 H.
Trigger Error x FREQ. 1 m .003 Hz t0O12 Hz 1,.00oHz 1.01 HzU ±1_. Hz ±1 Hz ±16HzI.

+LSDtt ±1.4 X Gate Time IH
ForFREQ -10 MHz; -LStt This chan hOw best cms f que y mnu,,n mms ianit ne f1 am mpiu.de.

or Rs beMn c became isor fron de Ow sil so t s astum d to be zero; the ingge

Accuracy: ± Resolution ± ,time base errori X FREQ. ,eo , p c oniy by the coumer's nose, 0.. 10 #v enni.

tm$ue to utlhmtisc truncaftu, quastinims enr wdl be ±1 tr 12 cm"ss .4 i
LSo ,Least Silniicant Dimt) 4s folloW:

z2 counts of LSO ofI 0X W. fl0Q<0 MHz.

t2 couws of4LSD if D Y1/GOO , F Q 216 MHz.
Fitio orI Off IEQ l 0

±1 -oV d LSO fSt all odWe cases



Model S316A
General Information

Table 1-. Model S316A Specf kations (Continued)

TIME INTERVAL WVme& Not. 19~ kg (8 6L 10 oat: Shipping &3 kg 114 bsi.
* g 10 A to 10 L Rack and stck metal case with rear panel. switchable AC

LID khored: 100 s. power line module.
lmgbtkam: ± LS Start Trigger Error ± Stop Trigger Error. Rack Mount KM: 5061-072 recommended.
Acesrac, .± Reolution ± ,time base errori x T.I.

HiP INTERFACE BUS (HP-IlI)
TIME INTERVAL AVERAGE Da Ou HI F

amp: 0 s to 1L Format: 'alpha characteri ± ,Readingi ,Exponenti , 2 digits,.
ID Obpaed: 100 ns to 10 ps depending upon gate time Dala Output Rae: -7 Readings/second max. ,10 in short G.T.,

and input signal. See table in Definitions section. Talk Only Mode: Selectable by rear panel switch.
'on: Opiaf Commands

a Lrer . 5316A: Reset, Initialize (to FREQ A), Wait State ON/OFF,
,_N %/O Service Request Enabled/Disabled. Gate Time Range.

Acc+acy ± Resolution ± time base error x T.I. ±4 in. HP41: Group Execute Trigger, Device Clear, Selected
nrw of Inlerva n Averaled (N): N = Gate Time X FREQ Device Clear, Interface Clear, Local, Remote, Local

nitnum Dead Tine (atop to str): 200 in. Lockout. Read Status iSerial Poll Enable,.
TIramma R CoEorols and Functior

TIME INTERVAL DELAY (HoWo) Frequency functions: FREQUENCY A. FREQ A ARMED BY B.
Front panel gate time knob inserts a variable delay of TOTALIZE, A GATED BY B, RATIO A/B, and FREQ C.
NOMINALLY 500/as to 20 ms between START oChannel Ai and Period Function: Period A.

* enabling of STOP -Channel B,. Electrical inputs during delay time Trme Interval Functiw: Time Interval A-B. Time Intenal
are ignored. Delay time may be measured by simultaneously Average A-B, Time Interval Delay.
pressing T.I. Average. T.I. Delay, and Blue Shift key. Other Trgger Level Commands: Set Channel A Slope ±i, set
specifications of T.I. Delay are identical to Time Interval. Channel B Slope i±, A Trigger Level: ±_X.XX, B Trigger

Level: ±X.XX.
TIME BASE Gate Time Command: Sets Gate Time Range.

Frequency: 10 MHz. Miscellneous Functions: Gate Time Check, Display
0 Aging Rate: <3 X 10-71mo. Test, 10 MHZ Check. Interlace Test.

Temperature: 55 x 10-6, 0 to 50*C.
tine Voltage: _1 X 10-7 for =10% variation.
Oscltor Output: 10 MHz, 50 mV p-p into SM. OPTIONS
External Frequency Standard Input: 1, 5, 10 MHz, 1V rms into 500A. OPTON 001: High Stability Time Base TCXO

on rear panel; 6V rms maximum. Frequency: 10 MHz.
* Aging Rate: <1 X 10- 7/mo.

GENERAL Temperature: <1 X 10-6. 0* to 40*C.
Tr1e Level Outpui: :5% =15 mY, over _ZOV dc range at front Uie Volkge: <1 X 104 for :10% variation.

panel test connectors.
Ched: Counts internal 10 MHz reference frequency over OPTION 003: C Channel

ate time range NOMINALLY 500 as to 30 ms. Input Characteristis
rier LgMi: LED warning light activated if logic error is Range: 50 to 1000 MHz. prescaled by 10.

O found during instrument turn-on self-check. Sensitivity: 15 mV rms sine wave -23.5 dBmi to 650 MHz.
Diplay: S-digit LED display, with engineering units annunciator. 75 mV rms sine wave -9.5 dBm, to 1000 MHz.
Overdw: Only frequency and totalize measurements will over- Sensitivity can be decreased continuously by up to 20 dB

flow. In cue of overflow, eight least significant digits will be NOMINAL, 50 to 500 MHz and 10 dB NOMINAL, 500 to
displayed and front panel overflow LED will be actuated. All 1000 MHz by adjusting sensativity control, Trigger level
other measurements which would theoretically cause a display is fixed at OV NOMINAL.

* of more than eight digits will result in the display of the Dynamic Range:
eight most significant digits. 15 mV to lV rms ,36 dB, 50 to 650 MHz.

GTe ime: Continuously variable, NOMINALLY from 60 ms 75 mV to 1V rms ,20 dB?, 650 to 1000 MHz.
to 10 s or 1 period of the input, whichever is longer. Unal Operating Range: 4SV dc to -5V dc.
For FREQ A, a shorter gate time of 500 s-30 ms is selectable Coupling: AC
by simultaneously pressing T.I. Delay and Totalize keys. Impedance: 50f) NOMINAL (VSWR, 12.5:1 TVPICAL).

* Sap kale: Up to seven readings per second NOMINAL Damage Level: ±8V iDC + AC peak-, fuse protected.
except in time interval mode, where it is continuously Fuse located in BNC connector.
vaiable NOMINALLY from four readings per second to 1 Frequency
reading every 10 seconds via Gate Time control. Range: 50 to 1000 MHz.

Operrg Temperafut. 0" to 50C. LSD Displayed: 100 Hz to 1 Hz depending upon gate
woS Rqdmev*: Selectable 100, 120, 220, or 240V time. At least 7 digits per second of gate time.

t+5%, -10i " Hz; 30 VA maximum. LSD, lesokdlon and Accuracy: Same formulas as for
Obuiadot; Z12 mm W X 81 mm H X 415 mm D Frequency A except "Gate Time" term becomes

14% X 3% X 1" i.). "(Gate Timret/lO".
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Csral Information
Table 1-1. Model 5316A Specuficatons (Continued)

OPTIONS (CoAnned) ?eld
ON2.S x 10-? x PER. for PER >100 ns.

OFTiON ON: Oven Oscillator Cate Time
fvequeny: 10 MHZ. 2.5
A eft bi: <S x 10-4/month after 7 days of continuous oper. G Time x PER2. for PER _100 ns.

ation. <3 < 10-7/year after 180 days continuous operation.

Wane-up: :t5 X 10-4 of final value after 20 minutes. All above calculations should be rounded to nearest decade
Temnpuatum; ±t2 x 10-4, 0 to S50C. i.e.. 5 Hz will become 10 Hz and .4 ns will be .1 nsi.
OdK a Ouilp: 50 mV pp into SM0I. NOTE

Time Interval Average is a statistical process.

DEFINITIONS: LSD displayed is calculated for 1 standard
Resolution: Smallest discernible change of measurement deviation o confidence level.

result due to a minimum change in the input. Trigger IEfr:
Accuracy: Deviation from the actual value as fixed by

universally accepted standards of frequency and time. \1,120 x 10-4V-2 + eP seconds rms.
Least Silgnifkant Digit (LSD) Displayed: ,Input slew rate in V/s at trigger point)

Typical where en is the rms noise voltage of the input
for a 100 MHz bandwidth.

Frequency: Time Interval Average: LSD
2.5 X 10- 7  x FREQ, 'for FREQ <10 MHz. 1 to 25 intervals .............................. 100 ns
Gate Time 25 to 2500 intervals ........................... 10 ns

2500 to 250.000 ............................... 1 ns
2.5 for FREQ >10 MHz. 250,000 to 25,000,000 intervals .................. 100 ps

Gate Time >25,000,000 intervals ........................ 10 ps

1

1-4 . . . ._ _ _ _



Hewlett Packard 5180A Waveform Recorder

The following is an excerpt of Hewlett Packard Waveform Recorder,
Model 5180A, Operating and Programming Manual, January 1982.
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* Tektronix DM 501A Digital Multimeter

The following is an excerpt of Tektronix Digital Muitimeter, Model
* DM 501A, Instruction Manual, June 1979.
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SNoe 1-OM MIA

SPECIFICATION

Introduction The P6601 temperature probe and temperature
measurement capabilities are deleted for Option 2 in-

The DM 501A Digital Multimeter measures dc voltage struments.
and current. ac voltage and current, dBm. dBV. resistance,
and temperature. The ac functions are ac coupled only.
true rms responding. All the functions and ranges are front

panel push button selected, including the rear interface
connector input.

Performance Conditions

Readout in dBm or dBV is selected by an internal The electrical characteristics are valid only if the
jumper. The unit is shipped witi the internal jumper in the DM 501A has been calibrated at an ambient temperature
d8m position. between --210 C and -250 C and is operating at an ambient

temperature between 00 C and -500C. unless otherwise
noted.

The readout is a 0.4" high. 4 1/2 digit display using
seven segment LED. The decimal point is automatically
positioned depending on the selected operating range of
the instrument. Polarity indication is automatic

Items listed in the Performance Requirements column
Accessories of the Electrical Characteristics are verified by completing

the Performance Check in the Calibration section of this
Standard accessories includethis instruction manual, a manual. These items are either explanatory notes or

set of test leads and the TEKTRONIX P6601 temperature performance characteristics for which no limits are
probe with its instruction manual. specified.

Table 1-1

ELECTRICAL CHARACTERISTICS (Front Panel)

Characteistics Performance Requirements Supplemental Information

DC VOLTMETER

Accuracy for 200 mV. 2 V. 20 V
200 V and 1000 V ranges

-18°C to -28*C

200 mV range =(0.05% of reading - 0.015% of full
scale)

2 V to 200 V ranges i ±(0.05% of reading + 0.01% of full
scale)

1000 V range ± -(0.05% of reading -r 0.02% of full
_ scale)

OC to ,-18 0 C. -28 0C to -500C

200 mV to 200 V range ±(0.1% of reading - 0.025% of full
I scale)

1000 V range ± 0.1% of reading + 0.05% of full
scale)

'U'



Thb~e 1-1 (cant)

Charactelstlcs Ptlforanc* Rgqir~mnts ISupplemental information _

DC VOLTMETER (cant)

Common Mode Rejection Ratio 100 dBl at dc. 1With a 1 k0 unbalance.

_8OdB at 50and 60Hz.

Normal Mode Rejection Ratio 60 dB at 50 or 60 Hz 402 Hz.

Maximum Resolution 10 MV.

Step Response Time <1 second.

Input Resistance 10 MCI ±:0.5%.

Maximum Input Voltage0

VOLTS/C) to LOW 1000 V peak.

VOLTS'C) to ground ______________j1000 V peak.

LOW to ground 1000 V peak.

Input Connectors Front panel (EXT) or rear interface
____________________j- J(INT)

AC VOLTMETER (TRUE AMS)

Accuracy for 200 mV, 2 V. 20 V Input signal must be between 501 and
200 V and 500 V ranges 100% of full scale. The 500 V range

--180 C to -280 C Irequires a dynamic input signal
________________ ________________________ between 500 V and 100 V rms

200 mV to 200 V ranges

40 Hz to 10 kHz z(0. 60, of readi ng - 0 050,o of f ullI
scale)

20 Hz to 40 Hz and =(1 0%/ of reading - 0.050/ of full
10 kHz to 20 kHz scale)

500 V range

40 Hz to 10 kHz =(0.60, of reading - 02% of full I

scale)

20 Hz to 40 Hz and =(I 0%/ of reading - 0.2%1 of full
10 kHz to 20 kHz scale)

OC to -1800., -28*C to -500 C

200 mVto 200 Vranges

40 Hz to 10 kHz =(0.8% of reading - 0.075% of full
__________ ________ scale)________________________

20 Hz to 40 Hz and =(1.3% of reading - 0.075% of full
10 kHz to 20 kHz scale)I____ ___________

500 V range

40 Hz to 10 kHz ±(0.8% of reading + 0.3% of full
_________________________ scale)____ ______________ _____

20 Hz to 40 Hz and ±(1.3% of reading -? 0.3% of full
10 kHz to 20 kHz scale)

1.2



Specflcaflo-OM S01A

Table 1-1 (cont)

Characterittlcs I Performance Requirements Supplemental Information

AC VOLTMETER (TRUE RMS) (cont)

Common Mode Rejection Ratio . 60 dB at 50 and 60 Hz. I With a 1 kM unbalance.

Maximum Resolution 10 ,V.

Response Time <2 seconds.

Input Impedance 10 MO =0.5% paralleled by 160 pF

Input Connectors Front panel (EXT) or rear interface
(INT).

Maximum Input Voltage 500 V rms or 600 Vdc not to exceed

VOLTS/f to LOW 1000 V peak.

VOLTS/f' to ground 1000 V peak.

LOW to ground 1000 V peak.

it Factor 4 4 at full scale.

%0 DECIBELS (dB)-TRUE AMS

* or -40 dB. -20 dB,
- dB and -40 dB ranges

-18C to 4-28C

-20 dB to -15 dB = .0.5 dB 20 Hz to 20 kHz

-15 dB to -20 dB =0.5 dB 20 Hz to 2 kHz Typically
-_1.5dB2kHzto 10 kHz -2.5 dB 10 kHz to 20 kHz.

OC to -18 0 C. -28C to -50 0 C i
-20 dB to -15 dB ±1.1 dB 20 Hz to 20 kHz

-15 dB to -20 dB =1.1 dB 20 Hz to 2 kHz Typically
-±2.1 dB 2 kHz to 10 kHz < =3.1 dB 10 kHz to 20 kHz.

Maximum Resolution 0.1 dB.

Response Time <2 seconds.

Input Impedance 10 MO paralleled by 160 pF.

Maximum Input Voltage
Maximu ) nptoLt e 500 v rms or 600 Vdc n,, tu exceed
VOLTS/fl to LOW 1000 V peak."

• VOLTS/fl to ground 1000 V peak.

LOW to ground 1000 V peak.

'Equvulent to 54 d8V or 56.2 dm.



Speccfid-DM 11CIA0

T*W@. 1-1 (eNt) _______________

Chaactwed" Pforance Requtruinis lupplonnal tnformnglon

Crest Factor ________________4 at full scale.
Ref Voltage

dBV 1iV.
d~m 0.7746 V (1 mW dissipated into

600OC0). Selected by internal
____ ___ ___ ____ __ ___ ____ ___ ___ ___ jumper.

Input Connectors Front panel (EXT) or rear interface
____ ___ ___ ___ ____ ___ _ _ ___ ____ ___ ___ ___ ___ (INT).

_____________________OHMMETER_____________

Accuracy for 200 0, 2 MC). 20 k0),
200 MC). 2000 0C and 20 MCI ranges.

+180C to +280C

200 C) to 200 MC) LO C) =(.15% of reading -- 0.015%f of full
2 kC to 2000 kO HI 0 scale)

2000 kO LO =(0.3% of reading + 0.015% of full
scale)

20 M0) HI C) =(0.5% of reading 4- 0.01 5% of full
scale)

0 C to -180 C. -280 Cto -500 C

200 C) to 200 MC) LO C) ±(0.3% of reading - 0.025% of full
2 MC) to 2000 MC) HI C) scale) _____________

2000 MC) LO ) (. 2% of reading - 0 025% of full
20 MC) HI C) scale)

Maximum Input Volts Any Range 250 V peak.

Measuring Current and Full Source V Max at
Scale Volts Rne Cret Fl cl

HIC 0 200 C) 1.0 mA 0.2 V
2 kC 1.0 mA 2.0OV

20kC) 0.1lmA 2.0OV
200 M) I10.0OuA 2.0OV

2000 MC) 1.0 jA 2.0 V
20 MO 0.1 uA 2.0OV

LO C) 20 I . A .
2 kC) 0.1 mA I 0.2 V

20 kC) 10.0 juA 0.2 V
200 MC) 1.0 #A 0.2 V

2000 MC) 0.1 uA 0.2 V
20 MO) 0.1 jpA 2.0OV

1-4 REV A AUG 1979



TaO 1.1 (ceuN)

Maximum Resolution 10 mO.

Response Time <2 seconds. 200 Q to 2000 W.
<10 seconds, 20 MO scale.

Maximum Open Circuit Voltage <6 V.

Input Connectors Front panel (EXT) or rear interface
(INT).

DC AMMETER

Accuracy for 200/jA, 2 mA. 20 mA.
200 mA and 2000 mA ranges.

+180C tc 4-28 0C ±(0 2% of reading -- 0.015% of full

scale)

0°C to -180C. -28 0 C to -500C =-(0.3% of reading - 0.025% of full
scale)

• Response Time <1 second.

Input Resistance Approximate
Range Resistance

200 uA 1.0 Wi
2-mA 100.0 0

20 mA 1 10.2 0

200mA J 1.20
i2000 mA 1 0.4

Maximum Input Current : 2 A any range.

Maximum Open Circuit Input 250 V peak.
Voltage (mA to LOW)

*Maximum Floating Voltage

mA to ground 1000 V peak.

LOW to ground 1000 V peak.
Input Connectors Front panel only.
Maximum Resolution 10 nA.

* AC AMMETER

Accuracy for 200juA, 2 mA. 20 mA.
200 mA and 2000 mA ranges.

20 Hz to 10 kHz (Sinewave)

-180 C to -2P°C =(0.6% of reading - 0.05% of full Input current must be between
* scale) 5% and 100% of full scale.

0°C to -186C. -28 0 C to -50*9 -(0.7% of reading - 0.075% of full Usable to 20 kHz.
scale)

Response Time <2 seconds.

Input Resistance Approximate
S[Rang Resistance

200 #A 1.0 kD
2 mA 100.0 Q

20 mA 10.2 Q
200 mA 1.2 0

* 2000 mA 0.4 Q



TaWO 1.1 (cawt)

Chafractetali hPrformane Requrements SuppIqmenlal Informatlon

AC AMMETER (cont)

Maximum Input Current 2 A any range.

Maximum Open Circuit Input 250 V peak.
Voltage (mA to LOW)

Maximum Floating Voltage

mA to ground 1000 V peak.

LOW to ground 1000 V peak

Input Connectors j Front panel only.

Maximum Resolution 10 nA

TEMPERATURE

Accuracy for the -620C to
-2400C range.

+180C to +280C ambient

Probe calibrated to -2°C from -62°C to -150°C.
instrument -0C to -6OC from -1500 C to -240° C•

Any probe _4°C from -62°C to -150°C. I
, .2oCto-80Cfrom. t150OCto240oC.

O°C to -18°C. +28°C to ;-50°C Add 1.50 C to the above tolerance in
each direction.

Input Connectors 0



Tabl 1-1 (ConE)

ELECTRICAL CHARACTERISTICS (Now Infeilac Inputs)

Characterttlcs Peflormance AquWromenta Supplemental Informaticin
Maximum Input Voltage (dc, ac,
dB3. and ohms)

*Pin 288 to 28A 200 V peak. Equivalent to 43 dBV
____________________________________________ or_45.2_d~m.

Pin 28B to ground 200 Vpeak

Pin 28A to ground 200 V peak.

* DC VOLTMETER (REAR INTERFACE INPUTS)

Accuracy for 200 mV, 2 V. 20 V.
200 V and 1000 V ranges.

-18*C to -28*C

*200 mV range =(O 05% of reading - 0 015*% of lull
scale)

2 V to 200 V range i =(0.05% of reading - 0.01% of full
Iscale) ____

1000 V range =(0.05% of reading -0.02% of full
scale)

00C to -18*C. -i-28*C to -50*C

200 mV to 200 V range =(O.1% of reading -0.025% of full
scale)

*1000 V range =(O 1% of reading - 0.05% of full
scale)

* (continues on next page)
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AC VOLTMETER (REAR INTERFACE INPUTS)

Accuracy for 200 mV. 2 V. 20 V, Input signal must be between 5% and

200 V and 500 V ranges. 100% of full scale input. The 500 V

-184C to +280C range is limited to between 200 V
peak and 100 V rms. 5

200 mV to 200 V range
40 Hz to 10 kHz ±(1.6% of reading 0.05% of full

scale)

20 Hz to 40 Hz and ±(2.0% of reading - 0.05% of full

10 kHz to 20 kHz scale)

500 V range

40 Hz to 10 kHz =(1.6% of reading - 0 2% of full
scale)

20 HZ to 40 Hz and =(2.0% of reading - 0.2% of full 0
10 kHz to 20 kHz scale)

0oC to -18C, -28C to .-50C

200 mV to 200 V range I

40 Hz to 10 kHz ±(1.8% of reading - 0.075% of full
scale)

20 Hz to 40 Hz and =-(2.3% of reading - 0.075% of full
10 kHz to 20 kHz scale)

500 V range

40 Hz to 10 kHz =(1.8% of reading - 0.3% of full _

scale)

20 Hz to 40 Hz and i =(2.3% of reading - 0.3% of full
10 kHz to 20 kHz i scale)

IS

DECIBELS (dB)-TRUE RMS (REAR INTERFACE INPUTS)

Accuracy for -40 dB, -20 dB,

0 d8. -20 dB and -40 dB ranges

-18'C to -28*C

-20 dB to -15 dB :0.6 dB 20 Hz to 20 kHz

-15 dB to -20 dB :0.6 dB 20 Hz to 2 kHz Typically
n1.6 dB 2 kHz to 10 kHz <2.6 dB 10 kHz to 20 kHz

00 C to -18 0 C. -28°C to -50 0 C

-20 dB to -15 dB -l.2 dB 20Hz to 20kHz

-15 dB to -20 dB =1.2 dB 20 Hz to 2 kHz Typically
=2.2 dB 2 kHz to 10 kHz <3.2 dB 10 kHz to 20 kHz

1.8RE 8v JA 1220 ,
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OHMMETER (REAR INTERFACE INPUTS)

Accuracy for 200 0, 2 kO. 20 kO.
200 kO. 2000 kO. and 20 MO ranges

S-18C to -28*c

200 0 to 200 kO LO 0 t(O.15% of reading - 0.015% of full
2 k to 2000 kO HI scale) - 0.02 0

2000 kO LO 0 t.(0 3% of reading - 0.015% of full
scale) - 0 02 0

* 20 M0 HI C =(0.5% of reading - 0.015% of full
scale) - 0.02 0

O0 C to -18 0 C. -280C to -50 0 C

* 200 0 to 200 kQ LO 0 :0 3% of reading - 0 0250 of full
2 kQ to 2000 kQ Hl Q scale) - 0 020

2000 kn LO 0 -0.(1.2% of reading - 0.025% of full
20 MQ HI 0 scale) - 0.02 0

Table 1-2

MISCELLANEOUS

Characteristics Description

Power Consumption Approximately 9 watts.

Reading Rate . 3 1/3 per second.

Over-range Indication Flashing display except on 500 Vac and 1000 Vdc ranges.

Calibration Interval 1000 hours of operation or 6 months, whichever occurs first.

Warm-up Time . 30 minutes (60 minutes after storage in high humidity environment).
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Temperature

Operating 00C to -SolC1 Meets or exceeds MIL-T-28800. class 5
with exceptions.'

Non-operating -550C to -7511C

Humidity 95% to 100% for 5 days Meets or exceeds MIL-T-288M0. class 5
(derated above 25-C)

Altitude

Operating 4.6 km (15,000 ft) Meets or exceeds MIL-T-28800B. class 3.

Non-operating 1! km (50.000 ft)

Vibration 0.64 mm (0 025") disp. Meets or exceeds MIL.T-288008. class 3
5-55-5 He' (sine wave)
75 min. total

Shock 30 g s {half sine) Meets or exceeds MIL-T-288008. class 36
11 ms 18 shocks"~

Bench Handling

Operating 45' or 4' or equilibrium". Meets or exceeds MIL-T-28800B. class 3.
whichever occurs first.

E.M.C.

Operating 30 Hz to 1 GHz' Meets or exceeds MIL-T-28800B. class 3.

Electrical Discharge

Operating 20 kV max.' No MIL-T-28800 equivalent Charge applied to
each protruding area of the front panel
except the input Connectors

Transportation

Vibration 25 mm (1 inch at 270 rpm National Safe Transit Association
for 1 rir)' Preshipment Test Procedures project:

1A-8-1 and 1A-8-2.
Package Drop 10 drops from 3 ft

(91 cm),

See Table 1-4 f or system modllers.
b'lth power module.

Wit11hout power module.
'Temperature: During low temperature test M11I.-T-2SSOOS paagraph 4.54 1.3 (b) for duas 5, steps 4 and 5 shall be performed
before stop Z. Also, Ume Instrument shall not be operating during step I. paragraph 4.&S.1.3 (o). doas 5& While operating,
condensed moisture shall not be present on class 5 instruments. Drying of the instrument for this class may be performed In a
54115b1 chamber. if necssary.

1.10
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TM in0 SYSTEMS
ENVIRONMENTAL SPECIFICATION

Characteristics TM S01 TM S03 TM 504 TM SIX TM SIS

Temperature Meets same test standards as plug-in.

* Operating

Non-operating

Humidity Meets same test standards as plug-in.

Operating

* Non-operating

Altitude Meets same test standards as plug-in.

Operating

Non-operating

*Vibration

Operating 0.26 mmn (0.010 in.) disp.. 10-55 Hz (sine wave). 0.38 mm (0.015 in.)
75 min. total. disp. 10-55 Hz (sine

Iwave) 75 min.

Shock

Operating 20g's (1.12 sine) 11 ins, 18 shocks 30 gs (1/2 sine)
11 ins. 18 shocks.

Bench Handling Meets same test standards as plug-in.

Operating

Electric Discharge Meets same test standards as plug-in.

Operating

Transportation Meets same test standards as plug-in.

Vibration

Package Drop

Table 1-5

PHYSICAL CHARACTERISTICS

Characteristics Description

Finish Anodized aluminum panel and chassis.

Net Weight -2. 5 l bs (1. 13 kg). ____

Overall Dimensions 2.633 in. (66.8 mm) W x 11.240 in. (285.3 mm) D x 4.961 in. (125.9 mm) H.
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The following is an excerpt of Tektronix 40MHz Function Genera-
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SPECIFICATION

Introduction

The FG 504 Function Generator provides low distortion The variety of swept and modulated signals available
sine. square. triangle, ramp, and pulse waveforms over the from the FG 504 make it especially useful for Such
frequencies from 0.001 Hz to 40 MHz in ten decades. A applications as testing amplifier or servo-system re-
user-definable custom frequency range is also available. sponse, distortion, and stability. It Is useful for Im
The output amplitude is 10 mV to 30 V peak-to-peak into generation, as a beat frequency oscillator, as a gated
an open circuit and 5 mV to 15 V peak-to-peak into a 50 0 triggered or phase-locked logic interface, or as a source
load The output impedance is 50 Q. The FG 504 may be for various ramp or pulse waveforms. It is also useful as a
swept between the START and STOP FREQ dial settings source for amplitude modulated signals for various pur-
with a linear or logarithmic sweep. The output may be poses.
phase locked. gated. or triggered for single cycle output
The output waveform may be shifted =800 from the
triggering waveform. The symmetry of the output wave- SPECIFICATION
form may also be varied For the slower frequencies. the
output may be held at any level by pushing the front panel Performance Conditions
button labeled HOLD The following electrical characteristics are valid if the

FG 504 is calibrated at an ambient temperature between

A voltage-controlled frequency (VCF) input controls -20°C and +30°C and is operated at an ambient

the output frequency from an external voltage source. The temperature between 0 °C and -500 C, unless otherwise

output frequency can be swept above or below the noed. Forced air circulation is required at temperatures
selected frequency, to a maximum of 1000.1. depending above 4-40 0C. Allow a one-hour warm-up period before

on the polarity and amplitude of the VCF input and the performing verification tests.

selected output frequency Provision is also made for
amplitude modulating the sinewave output from an exter-
nal source

Table 1-1

ELECTRICAL CHARACTERISTICS

Characteristic Performance Requirement Supplemental Information

Frequency

Range

Sine-wave. square-wave. .001 Hz to 40 MHz calibrated
and triangle in 10 overlapping steps

Ramps. pulses. or waveforms .001 Hz to nominally 4 MHz.
waveforms requiring use of
variable SYMMETRY control

Duty Cycle <7% to >-93% below 1 MHz
<-20% to ->80% above 1 MHz

5 X 10' position of =400 kHz maximum. A 5/pF
MULTIPLIER switch (User capacitor provides a full-scale
selected timing capacitor) frequency of -400 Hz. The

factory-installed capacitor gives
a 20 Hz to 20 kHz range for the
.5 X 10' position of
the MULTIPLIER switch.

* ______________________....._
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Frequency (cont)

Resolution 1 part in 10' of full-scale
setting using the FREQUENCY VERNIER
control, as measured with a
frequency counter.

Stability Applies to calibrated portion of the
FREQUENCY Hz dial only.

Time <0.05% for 10 minutes The instrument must be at a
<0,. 1% for 1 hour constant ambient temperature
•0.5% for 24 hours between 0°C and -50*C and

checked after a 1-hour warmup.

Temperature See Dial Accuracy

Dial Calibration 1 to 40 Hz (X MULTIPLIER
setting) calibrated: 0.1 to 1 Hz
(X MULTIPLIER setting) uncalibrated

Dial Accuracy

FREQUENCY Hz (START) Within 3% of full scale from Measurements made at an ambient
dial 0.001 Hz to 4 MHz. Within 6% of temperature between -150CCand -35-C

full scale from 4 MHz to 40 MHz. after 1 hour warmup.

STOP FREQuency dial Within 5% of the difference STOP FREQuency dial is
between the start and stop uncalibrated on the 10
frequencies plus the FREQUENCY MULTIPLIER range.
Hz (START) dial error

Maximum Frequency Ranges for Maximum to
Dial. Sweep Frequency. and MULTIPLIER Minimum Freq-

* Voltage Controlled Setting ency Ratios
Frequency (VCF) Modes 10" >,500:1

10'0- > 1000: 1
I0j.,,. 10"1, 10"' >-100:1

10"  40. 1

• Internal Sweep Linear or Logarithmic.
Accuracy Limited by Start and Stop

Frequency Specifications: use

external frequency counter if
greater accuracy is required

Sweep Duration 100 s to 0.1 ms in six decades
(selected by SWEEP DURATION switch).
VARiable control overlaps decades.

Stop Frequency to Within 2% from 100 s to 1 ms
Swept Stop sweep duration.
Frequency Error Within 10% from 1 ms to 0.1 ms

*• sweep duration.

LINear SWEEP 0 V to -10 V. Output impedance 1 kO.

1-2
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Internal Sweep (cont)

OUTPUT Amplitude

Accuracy Within 5% from 100 s to I ms.
Within 10% from 1 ms tO 0.1 Ms.

SWEEP TRIGger INPUT

Input sensitivity 1 V p-p.

Level 1 V through 10 V

Maximum Input 20 V.

Manual Trigger Front-panel control.

Voltage-controlled
Frequency Input (VCF)

Nominal Sensitivity =4 X MULTIPLIER setting per
(Hz/volt) volt A positive-going voltage

increases frequency.

Maximum Frequency =40 X MULTIPLIER setting

Minimum Frequency Maximum frequency divided by VCF
range (see Maximum Frequency Ranges
for Dial., Sweep Frequency. and

Voltage Controlled Frequency (VCFi
Modes)

Slew Rate 0 3 V'/us maximum

Input Impedance 10 IkO.

OUTPUT Signal Amplitude At least 30 V p-p into an open
circuit. at least 15 V into 50 0.

Flatness

Sine-wave

0.001 Hz to 40 kHz Within :0.5 dB Typically within :0 5 dB to
40 kHz to 40 MHz Within :2 dB from 40 kHz 40 MHz. Reference at 10 kHz

to 40 MHz.

Triangle

0 001 Hz to 40 kHz Within :0 5 dB
40 kHz to 40 MHz. Within =2 dB Reference at 10 kHz

Square-wave

0.001 Hz to 20 MHz Within =0.5 dB.
20 MHz to 40 MHz Within :2 dB. Reference at 10 kHz.

Sine-wave. Triangle.
and Square-wave Amplitude Within z1 dB at 10 kHz.
Match

1-3.
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Output ATTENUATOR

Maximum Open-
Attenuator circuit Output

Step Voltage (p-p)

0 dB 30V
-10dB 95V

-20 dB 3 V
30 dB 950 rmV

-40 dB 300 mV

! 50 dB 95 mV

Accuracy Within -0.5 dB/decade.

VARiable Control Provides up to -20 dB

additional attenuation to reduce
the minimum output signal amplitude
to 10 mV.

OFFSET Range

Into Open Circuit 7 5 V Maximum signal plus offset
Into 500 :3 75 V peak output amplitude of

-20 V into an open circuit and
S:-11.25 V into 50 0. Offset

I def eatable by front-panel control

Output Waveforms

Without Use o SYMMETRY Sine Triangle. and Square
tvariable) control

With SYMMETRY (variable) Ramps and Pulses. 'Duty cycle range
Con. o is -70c to :93% for all variable

symmetry waveforms below I MHz
limited to -20% to -=80% for

triangle and sine-waveforms above
* 1 MHz

Actuation of SYMMETRY control
divides output frequency by

:approximately 10.

Triangle

Symmetry Typically within 2,* from
0.001 Hz to 10 Hz.

10 Hz to 400 kHz Within 1%,

400 kHz to 40 MHz Within 51o iOn calibrated portion of
FREQUENCY Hz dial.

SLinearity Measured from the 20% point to the
'80% point of the waveform. Typically
within 2% from 0.001 Hz to 10 Hz.

10 Hz to 400 kHz Within 1%.

400 kHz to 4 MHz Within 2%.
S4 MHz to 40 MHz Within 10%.

14___ _____________
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External TRIG1 GATE
0 LOCK Input (cont)

Maximum Trigger
Frequency .20 MHz.

GATEI
* Minimum Period I75 ns.

Maximum Gated
Frequency 1 20 MHz. For gating multiple-cycle burst

of generator waveform.

(0 LOCK
100 Hz to 40 MHz. Capture range: = 10 major dhal divi-
Adjust range =±80 6from sions from 100 Hz to 4 MHz: :8
0 100 Hz to 4 MHz. major dial divisions from 4 MHz to

40 MHz (40 MHz may not capture,
bu ~will track.)

4 MHz to 40 MHz 8 major dial divisions.

Lock Range Generator will lock to a changing
external signal. without readj usting
fte PHASE control within -10

0 major dial divisions from 100 Hz
to 4 MHz and within :. I MHz
from 4 MHz to 40 MI-z.

PHASE

*Phase Adjustment Range :80' from 0.001 Hz to 4 MHz

MAN Manual Trigger.,Gate front-panel
oushbutton

TRIG OUTPUT 0 Vto 2 Vfrom 500.

HOLD

Drift '0%o of p-p output amplitude hour

Range 0 001 Hz to 400 Hz
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Output Waveforms (cont)

Sine-Wave

Total Harmonic Typically .*1% from 0,001 Hz to
Distortion 20 Hz. measured under the following

20 Hz to 40 kHz 05% conditions: Temperature -100C to
40 kHz to I MHz Greatest harmonic at least -35°C ambient terminated

30 dB down. into 50 0: zero offset: -30 dB
1 MHz to 40 MHz Greatest harmonic at ;east attenuation, and with

20 dB down. FREQUENCY Hz (START) dial set
between 4 and 40.

Square-wave

RISE AND FALL TIMES -6 ns 10 ns to 100 mrs in 7 steps Applies to pulse waveforms also
FIXED measured from 10% to 90%

Aberrations ---5% p-p plus 30 mV into 50 !! load.

VARiable 10 ns to 100 ms in 7 steps. Period of waveform must exceed
Measured between the I[1 and combined rise and fall times

1 90% points of Amplitude; accuracy by 200o.
within 30%. VARiable control has
S1OX range.

AM INPUT

Dc to 4 MHz 5 V p-p signal produces 100o ,Nhen driven from a source
modulation of a sine-wave carrier .mpedance 600 0.
with 5% distortion at 700
modulation

4 MHz to 40 MHz 10% distortion at 650o Modulating frequencies from 20 Hz
modulation :o 20 kHz. Modulation frequency

bandwidth is dc to 100 kHz A
modulating source impedance of

10 kO ensures proper
modulation and divides the out-

mJt amplitude by 2.

Input Impedance -I Mo.

External TRIG. GATE
* LOCK Input

Input Impedance 10 kO.

Sensitivity 1 1 V Pp.

Maximum Input Amplitude -20 V

TRIG

LEVEL -1 V to - 10 V. For triggering a single cycle
of generator waveform.

Minimum Period . 75 ns.
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Table 1.2

IN"IRONMENTAL CHARACTERISTICS

Characteristcs ftlrption

Temperature

Operating 00 C to -400C (-400 C to -50*C. forced air required).

Storage -400C to ?-75*C.

Altitude

Operating To 15.000 feet (4.570 meters).

Storage To 50,000 feet (15.250 meters)

Vibration

Operating and non-operating 0.64 mm (0.025") displacement. 10-50-10 Hz sinewave. 54 minutes

Shock

Operating and non-operating 50 g's (half sine). 11 ins. 12 shocks.

Transportation Qualified under National Safe Transit Association Test.
Procedure 1A Category 11.

Table 1-3

PHYSICAL CHARACTERISTICS

Characteristics Description

Finish Anodized aluminum panel and chassis.

Weight 3.75 pounds (1.7 kg).

Overall Dimensions 1 Width 5.312" (13.49 cm). Length 12.125" (30.8 cm).____________________________J Height 5.0" (12.7 cm).
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The following is an excerpt of Tektroniz 40MHz Function Genera-
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SPECIFICATION

Introduction

The FG 504 Function Generator provides low distortion The variety of swept and modulated signals available
smne. square, triangle, ramp, and pulse waveforms over the from the FG 504 make it especially useful for Such
frequencies from 0.001 Hz to 40 MHz in ten decades. A applications as testing amplifier or servo-system re-
user-definable custom frequency range is also available. sponse. distortion, and stability. It is useful for fm
The output amplitude is 10 mV to 30 V peak-to-peak into generation. as a beat frequency oscillator, as a gated
an open circuit and 5 mV to 15 V peak-to-peak into a 50 0 triggered or phase-locked logic interface, or as a source
load The output impedance is 50 0. The FG 504 may be for various ramp or pulse waveforms. It is also useful as a
swept between the START and STOP FREQ dial settings source for amplitude modulated signals for various pur-
with a linear or logarithmic sweep. The output may be poses.
phase locked. gated, or triggered for single cycle output
The output waveform may be shifted =80 from the
triggering waveform. The symmetry of the output wave- SPECIFICATION
form may also be varied. For the slower frequencies. the
output may be held at any level by pushing 1he front panel Performance Conditions
button labeled HOLD The following electrical characteristics are valid if the

FG 504 is calibrated at an ambient temperature between

A voltage-controlled frequency (VCF) input controls J-20*C and '-30*C and is operated at an ambient

the output frequency from an external voltage source. The temperature between 0 °C and -50 C. unless otherwise
output frequency can be swept above or below the noted. Forced air circulation is required at temperatures
selected frequency, to a maximum of 1000:1, depending above +-40 0C. Allow a one-hour warm-up penod before

on the polarity and amplitude of the VCF input and the performing verificaton tests.

selected output frequency. Provision is also made for
amplitude modulating the sinewave output from an exter-
nal source.

Table 1-1

ELECTRICAL CHARACTERISTICS

Characteristic Performance Requirement Supplemental Information

Frequency

Range

Sine-wave. square-wave. .001 Hz to 40 MHz calibrated
and triangle in 10 overlapping steps

Ramps, pulses, or waveforms .001 Hz to nominally 4 MHz.
waveforms requiring use of
variable SYMMETRY control

Duty Cycle <7% to -93% below 1 MHz
<20% to >80% above 1 MHz

5 X 10' position of =400 kHz maximum. A 5/JF
MULTIPLIER switch (User capacitor provides a full-scale
selected timing capacitor) frequency of ,400 Hz. The

factory-installed capacitor gives
a 20 Hz to 20 kHz range for the
.5 X 10' position of
the MULTIPLIER switch.
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Frequency (cont)

Resolution 1 part in 1(0 of full-scale
setting using the FREQUENCY VERNIER
control, as measured with a
frequency counter.

Stability Applies to calibrated portion ol the
FREQUENCY Hz dial only.

Time <0.05% for 10 minutes The instrument must be at a
<O. 1% for 1 hour constant ambient temperature
4. 0.5% for 24 hours between 0C and +506C and

checked after a 1-hour warmup.

Temperature See Dial Accuracy

Dial Calibration 1 to 40 Hz (X MULTIPLIER
setting) calibrated: 0.1 to 1 Hz

* (X MULTIPLIER setting) uncalibrated

Dial Accuracy

FREQUENCY Hz (START) Within 3% of full scale from Measurements made at an ambient
dial 0.001 Hz to 4 MHz. Within 6% of temperature between r15CCand -351C

full scale from 4 MHz to 40 MHz. after 1 hour warmup.

STOP FREQuency dial Within 5% of the difference STOP FREQuency dial is
between the start and stop uncalibrated on the 10'
frequencies plus the FREOUENCY MULTIPLIER range.
Hz (START) dial error

Maximum Frequency Ranges for Maximum to
* Dial. Sweep Frequency, and MULTIPLIER Minimum Freq-

Voltage Controlled Setting ency Ratios
Frequency (VCF) Modes 10' >5001

W0'-10: __1000: 1

101,,. 10"1. 10"! >100:1
10" >40:1

Internal Sweep Linear or Logarithmic.
Accuracy Limited by Start and Stop

Frequency Specifications: use

external frequency counter if
greater accuracy is required.

0 Sweep Duration 100 s to 0.1 ms in six decades
(selected by SWEEP DURATION switch)
VARiable control overlaps decadcs.

Stop Frequency to Within 2% from 100 s to 1 ms
Swept Stop sweep duration.

• Frequency Error Within 10% from I ms to 0.1 ms
sweep duration.

LINear SWEEP 0 V to -10 V. Output impedance 1 kO.

1.2
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Internal Sweep (cont)

OUTPUT Amplitude

Accuracy Within 5% from 100 s to I ms.
Within 10% from 1 ms to 0.1 Ms.

SWEEP TRIGger INPUT

Input sensitivity 1 V p-p.

Level 1 V through 10 V.

Maximum Input 20 V

Manual Trigger Front-panel control

Voltage-controlled
Frequency Input iVCF)

Nominal Sensitivity =4 X MULTIPLIER setting per
(Hz'volt) volt A positive-going voltage

increases frequency.

Maximum Frequency =40 X MULTIPLIER setting

Minimum Frequency Maximum frequency divided by VCF
range (see Maximum Frequency Ranges
for Dial. Sweep Frequency. and
Voltage Controlled Frequency (VCF)
Modes)

Slew Rate 0 3 V'ps maximum

Input Impedance 10 ko.

OUTPUT Signal Amplitude At least 30 V p-p into an open
circuit. at least 15 V into 50 Q.

Flatness

Sine-wave

0.001 Hz to 40 kHz Within =0.5 dB Typically within :0 5 dB to
40 kHz to 40 MHz Within _2 dB from 40 kHz 40 MHz. Reference at 10 kHz.

to 40 MHz.

Triangle

0 001 Hz to 40 kHz Within =0 5 dB

40 kHz to 40 MHz. Within =2 dB. Reference at 10 kHz.

Square-wave

0.001 Hz to 20 MHz Within =0 5 dB.

20 MHz to 40 MHz Within =2 d8. Reference at 10 kHz.

Sine-wave. Triangle.
and Square-wave Amplitude Within -1 dB at 10 kHz.
Match

, ! ' ... ....
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Output ATTENUATOR

Maximum Open-
Attenuator circuit Output

Step Voltage (p-p)

0 1 dB 30 V
-10 dB 95 V
-20 dB 3 V
30 dB 950 mv

*50 dB 95 mV

Accuracy Within :-0 5 dB/decadeJ

VARiable Control Provides up to -20 dBl
additional attenuation to reduce
the minimumn output signal amplitude:

* to 10 m
OFFSET Range

Into Open Circuit ;7 5 V Maximum signal plus offset
Into 50 0 ..3.75 V :peak output amplitude of

=20 V into an open circuit and
* :11.25 V into 50 0. Offset

~defeatable by front-panel control.

Output Waveforms

Without Use of SYMMETRY Sine Triangle. and Square
(variable) control

With SYMMETRY (variabie) Ramps and Pulses Duty cycle range
Control is .70o to -.13% for all variable

Symmetry waveforms below 1 MHz
limited to "-20% to 80uo for
triangle and sine-waveforms above

*~ 1MHz.
Actuation of SYMMETRY control
divides output frequency by

.approximately 10.

Triangle

*Symmetry Typically within 2% from
0.001 Hz to 10 Hz.

10 Hz to 400 kHz Within 1%1,.
400 kHz to 40 MHz Within 5uo ;On calibrated portion of

FREQUIENCY HZ dial.

* Linearity i ~Measured from the 20% point to the
80% point of the waveform. Typically

!within 2% from 0.001 Hz to 10 Hz.

10 Hz to 400 kHz Within 1%.
400 kHz to 4 MHz Within 2%.
4 MHz to 40 MHz JWithin 10%.

I.A- __
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External TRIG, GATE,

0 LOCK Input (cont)

Maximum Trigger
Frequency 20 MHz.

GATE

Minimum Period 75 ns.

Maximum Gated
Frequency 20 MHz For gating multiple-cycle burst

of generator waveform.

V LOCK

100 HZ to 40 MHz. Capture range: = 10 major dial divi-
Adjust range :800 from sions from 100 Hz to 4 MHz: :8
0 100 Hz to 4 MHz. malor dial divisions from 4 MHz to

40 MHz (40 MHz may not capture.
but will track.)

4 MHz to 40 MHz I -8 major dial divisions

Lock Range Generator will lock to a changing
external signal. without readjusting
tt'e PHASE control within - 10

major dial divisions from 100 Hz

to 4 MHz and within :. 1 MHz
from 4 MHz to 40 MHz

PHASE

Phase Adjustment Range :80' from 0 001 Hz to 4 MHz

MAN Manual Trigger.'Gate front-panel
usthbutton

TRIG OUTPUT 0 V to 2 V from 50 0.

HOLD

Drift 100o of p-p output amplitude. hour

Range 0 001 Hz to 400 Hz



Pde 1- IS"4 0114u11 & UP)

Tale 1-1 (cont)

Cheractwlstic PIrformance q1idrement Supplemenli Informaion 6

Output Waveforms (cont) i

Sine-Wave

Total Harmonic Typically .'1% from 0.001 Hz to I
Distortion 20 Hz. measured under the following

20 Hz to 40 kHZ 05%. conditions: Temperature - 10'C to
40 kHz to I MHz Greatest harmonic at least -35°C ambient terminated

30 dB down. into 50 0; zero offset: '30 dB
1 MHz to 40 MHz Greatest harmonic at least attenuation, and with

20 dB down. FREQUENCY Hz (START) dial set 6
between 4 and 40.

Square-wave

RISE AND FALL TIMES o-6 ns 10 ns to 100 ms in 7 steps Applies to pulse waveforms also
FIXED measured from 10% to 900a a

Aberrations 5% p-p plus 30 mV into 50 . load.

VARiable 10 ns to 100 ms in 7 steps. Period of waveform must exceed
Measured between the 100/% and combined rise and fall times

90% points of Amplitude: accuracy oy 200o.

within 30%. VARiable control has
S o10X range.

AM INPUT

Dc to 4 MHz 5 V p-p btgnal produces 100'o 14hen driven from a source
mudulation of a sine-wave carrier .mpedance 600 0
with 5L'o distortion at 70%
modulation.

4 MHz to 40 MHz 10uo distortion at 650-o Modulating frequencies from 20 Hz
modulation. :o 20 kHz Modulation frequency

Dandwidth is dc to 100 kHz A
modulating source impedance of

10 kO ensures proper
modulation and divides the out-
put amplitude by 2.

Input Impedance I MO.

External TRIG, GATE
0 LOCK Input

Input Impedance 10 kW.

Sensitivity I .1 V p-p.

Maximum Input Amplitude -20 V

TRIG 1
LEVEL -1 V to - 0V. For triggering a single cycle

I -'t1of generator waveform.

Minimum Period J 75 ns.
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Taom* 142

ENVIRONMENTAL CIIARACTERISTICS

Charactedtls Oesealollon

Temperature

Operating OOC to -400C (-400C to -50 0 C. forced air required).

Storage -40@ C to i-750 C.

Altitude

Operating To 15.000 feet (4.570 meters).

Storage To 50,000 feet (15,250 meters)

Vibration

Operating and non-operating 0 64 mm (0.025") displacement. 10-50-10 Hz sinewave. 54 minutes

Shock t____________________________________________
Operating and non-operating 50 g's (halt sine). 11 ins. 12 shocks

Transportation Qualified under National Safe Transit Association Test.

Procedure IA Category 11.

Table 1-3

PHYSICAL CHARACTERISTICS

Characteristics Dwscptlon

Finish Anodized aluminum panel and chassis

Weight 3.75 pounds (1 7 kg).

Overall Dimensions Width 5.312" (13.49 cm)., Length 12.125" (30.8 cm),

Height 5.0" (12.7 cm).



* Tektronix PG 504 40MHz Function Generator

The following is an excerpt of Tektronix 40MHz Function Gecnera-
* tor, Model FG 504, Instruction Manual, May 1982.



Tektronix

i

PLEASE CHECK FOR CHANGE INFORMATION
AT THE REAR OF THIS MANUAL,

*FEG 504
40MHz

FUNCTION
GENERATOR

0 . - . ° • .• .

INSTRUCTION MANUAL~Tektronix, Inc.

* P.O. Box 500Beoaverion, Oregon 97077 
Serial Number

070.2&%0
Iu- -
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* SPECIFICATION

Introduction

The FG 504 Function Generator provides low distortion The variety of swept and modulated signals available
sine. square, triangle, ramp, and pulse waveforms over the from the FG 504 make it especially useful for such
frequencies from 0.001 Hz to 40 MHz in ten decades. A applications as testing amplifier or servo-system re-
user-definable custom frequency range is also available. sponse, distortion, and stability. It is useful for fm
The output amplitude is 10 mV to 30 V peak-to-peak into generation. as a beat frequency oscillator, as a gated
an open circuit and 5 mV to 15 V peak-to-peak into a 50 0 triggered or phase-locked logic interfaje. or as a source
load. The output impedance is 50 Q. The FG 504 may be for various ramp or pulse waveforms. It is also useful as a
swept between the START and STOP FREQ dial settings source for amplitude modulated signals for various pur-
with a linear or logarithmic sweep. The output may be poses.
phase locked, gated. or triggered for single cycle output.
The output waveform may be shifted ,800 from the
triggering waveform. The symmetry of the output wave- SPECIFICATION
form may also be varied. For the slower frequencies, the
output may be held at any level by pushing the front panel Performance Conditions
button labeled HOLD. The following electrical characteristics are val.d if the

FG 504 is calibrated at an ambient temperature between

A voltage-controlled frequency (VCF) input controls -200C and +30 0C and is operated at an ambient

the output frequency from an external voltage source. The temperature between 00C and r-500 C. unless otherwise
output frequency can be swept above or below the noted. Forced air circulation is required at temperatures

selected frequency. to a maximum of 1000.1, depending above +-400C. Allow a one-hour warm-up penod before

on the polarity and amplitude of the VCF input and the performing verification tests.

.,elected output frequency. Provision is also made for
amplitude modulating the sinewave output from an exter-
nal source.

Table 1-1

ELECTRICAL CHARACTERISTICS

Characteristic Performance Requirement Supplemental Informatlion

Frequency

Range

Sine-wave, square-wave. .001 Hz to 40 MHz calibrated
and triangle in 10 overlapping steps

Ramps, pulses, or waveforms .001 Hz to nominally 4 MHz
waveforms requiring use of
variable SYMMETRY control

Duty Cycle <7% to -93% below 1 MHz

<20% to >80% above 1 MHz

.5 X 10' position of =400 kHz maximum. A 5 pF
MULTIPLIER switch (User capacitor provides a full-scale
selected timing capacitor) frequency of =400 Hz. The

factory-installed capacitor gives
a 20 Hz to 20 kHz range for the
.5 X 10 position of
the MULTIPLIER switch.

@0.
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Table 1-1 (cet)

Charectedstic Performance Aeqtdrewnt Supplmenlal Information E

Frequency (cont)

Resolution 1 part in 10' of full-scale
setting using the FREQUENCY VERNIER
control, as measured with a
frequency counter. 4

Stability Applies to calibrated portion of the
FREQUENCY Hz dial only.

Time <0 05% for 10 minutes The instrument must be at a
<0. ,;% for 1 hour constant ambient temperature
-. 0.5% for 24 hours between 00 C and 4-50 0 C and

checked after a 1-hour warmup.

Temperature See Dial Accuracy

Dial Calibration 1 to 40 Hz (X MULTIPLIER
setting) calibrated: 0.1 to 1 Hz
(X MULTIPLIER setting) uncalibrated.

Dial Accuracy

FREQUENCY Hz (START) Within 3% of full scale from Measurements made at an ambient
dial 0.001 Hz to 4 MHz. Within 6% of temperature between +150 CC and -35 0 C

full scale from 4 MHz to 40 MHz. after 1 hour warmup.

STOP FREQuency dial Within 5% of the difference STOP FREQuency dial is
between the start and stop uncalibrated on the 10
frequencies plus the FREQUENCY MULTIPLIER range.
Hz (START) dial error.

Maximum Frequency Ranges for Maximum to
Dial, Sweep Frequency. and MULTIPLIER Minimum Freq-
Voltage Controlled Setting ency Ratios
Frequency (VCF) Modes 104 >500"1

100'1 1000:1
101. 1. 10",. 10-2 >100:1
10" >40:1

Internal Sweep Linear or Logarithmic.
Accuracy Limited by Start and Stop

Frequency Specifications; use
external frequency counter if
greater accuracy is required.

Sweep Duration 100 S to 0.1 ms in six decades
(selected by SWEEP DURATION Switch).
VARiable control overlaps decades.

Stop Frequency to Within 2% from 100 s to 1 ms
Swept Stop sweep duration.
Frequency Error Within 10% from 1 ms to 0.1 ms

sweep duration.

LINear SWEEP 0V to -10 V. Output impedance 1 k(l.

1-2 @
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Table 1-1 (cont)

charadteretic Performance Requirement Supplemental Information

Internal Sweep (cont)

OUTPUT Amplitude

Accuracy Within 5% from 100 s to 1 ms.
Within 10% from 1 ms to 0.1 ms.

SWEEP TRIGger INPUT

Input sensitivity I V pP..

Level 1 V through 10 V.

Maximum Input t 20 V.

Manual Trigger Front-panel c(,ntrol.

Voltage-controlled
Frequency Input (VCF)

Nominal Sensitivity =4 X MULTIPLIER setting per
(Hz/volt) volt A positive-going voltage

increases frequency.

Maximum Frequency =40 X MULTIPLIER setting.

Minimum Frequency Maximum frequency divided by VCF
range (see Maximum Frequency Ranges
for Dial, Sweep Frequency. and
Voltage Controlled Frequency (VCF)
Modes)

Slew Rate 0.3 V/ps maximum.

Input Impedance 10 kO.

OUTPUT Signal Amplitude At least 30 V p-p into an open
circuit. at least 15 V into 50 0.

Flatness

Sine-wave

0.001 Hz to 40 kHz Within :0.5 dB. Typically within =0.5 dB to
40 kHz to 40 MHz Within =2 dB from 40 kHz 40 MHz. Reference at 10 kHz.

to 40 MHz.

Triangle

* 0.001 Hz to 40 kHz Within =0 5 dB.
40 kHz to 40 MHz. Within =2 dB. Reference at 10 kHz.

Square-wave

0.001 Hz to 20 MHz Within =0.5 dB.
20 MHz to 40 MHz Within =2 dB. Reference at 10 kHz.

Sine-wave. Triangle.
and Square-wave Amplitude Within =1 dB at 10 kHz.
Match

_ *1-3
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Table 1-1 (cont)

Charactedaic Performance Requirement Supplementli Informallion

Output ATTENUATCA

Maximum Open-

Attenuator circuit Output
Step Voltage (p-p)

0 dB 30 V
-10 dB 9.5 V
-20 dB 3 V
30 dB 950 mV
-40 dB 300 mV

50 dB 95 mV

Accuracy Within -0.5 dB/decade.

VARiable Control Provides up to -20 dB

additional attenuation to reduce
the minimum output signal amplitude
to 10 mV.

OFFSET Range

Into Open Circuit -7.5 V Maximum signal plus offset
Into 50 ) :3.75 V peak output amplitude of

_-20 V into an open circuit and

=11 25 V into 500 . Offset
defeatable by front-panel control.

Output Waveforms

Without Use of SYMMETRY 'Sine. Triangle. and Square
(variable) control

With SYMMETRY (variable) Ramps and Pulses. Duty cycle range
Control is "-70o to -.93% for all variable

,symmetry waveforms below 1 MHz.
limited to -20% to - 80% for
triangle and sine-waveforms above
1 MHz.
Actuation of SYMMETRY control
divides output frequency by

approximately 10.

Triangle

Symmetry Typically within 2% from 0
0.001 Hz to 10 Hz.

10 Hz to 400 kHz Within 10,o
400 kHz to 40 MHz Within 5%. 'On calibrated portion of

FREQUENCY Hz dial.

Linearity Measured from the 20% point to the
'80- point of the waveform. Typically
within 2% from 0.001 Hz to 10 Hz.

10 Hz to 400 kHz Within 1%.
400 kHz to 4 MHz Within 2%.
4 MHz to 40 MHz Within 10%.

1-4 REV NOV 1001
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Table 1-1 (cont)

Charatedsutc Peolormance Requirement Supplemental Information

Output Waveforms (cont)

Sine-Wave

Total Harmonic Typically It1% from 0.001 Hz to
Distortion 20 Hz. measured under the following

20 HZ to 40 kHz 0 5%. conditions: Temperature - 10'C to
40 kHz to 1 MHz Greatest harmonic at least -35°C ambient terminated

30 dB down. into 50 0 zero offset: .:30 dB
1 MHz to 40 MHz Greatest harmonic at least attenuation, and with

20 dB down. FREQUENCY Hz (START) dial set
between 4 and 40.

Square-wave

RISE AND FALL TIMES <6 ns iOns to 100 ms in 7 steps Applies to puise waveforms also.
FIXED measured from 10% to 90%

* Aberrations I 5% p-p plus 30 mV into 50 !? load

VARiable 10ins to 100 ms in 7 steps. Period of waveform must exceed
Measured between the 10% and combined rise and fall times

90% points of Amplitude; accuracy oy 20%.
within 30%. VARiable control has

> 10X range.

AM INPUT
Dc to 4 MHz 5 V p-p signal produces 100% When driven from a source

modulation of a sine-wave carrier ,mpedance 600 0.

with 5% distortion at 700o
modulation.

4 MHz to 40 MHz 10% distortion at 65"o Modulating frequencies from 20 Hz
modulation to 20 kHz. Modulation frequency

bandwidth is dc to 100 kHz. A
*modulating source impedance of

10 kO ensures proper
modulation and divides the out-
put amplitude by 2.

Input Impedance 1 MQ.

*External TRIG/GATE
0 LOCK Input

Input Impedance '10 kO.

Sensitivity .:1 V p-p.

Maximum Input Amplitude -20 V

TRIG

LEVEL --1 V to 10 V. For triggering a single cycle
of generator waveform.

Minimum Period 75 ns.

REV NOV 1981 . ..
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Tale 1-1 (coat)

Charactedstic Pertormnfce Requirement Supplemental Informatlon

External TRIG/GATE,
V LOCK Input (cont)

Maximum Trigger

Frequency .20 MHz.

GATE

Minimum Period 75 ns.

Maximum Gated
Frequency 20 MHz. For gating multiple-cycle burst

of generator waveform.

0 LOCK

100 Hz to 40 MHz. Capture range: t 10 major dial divi-

i Adjust range t800 from sions from 100 Hz to 4 MHz: =8
0 100 Hz to 4 MHz. major dial divisions from 4 MHz to

40 MHz (40 MHz may not capture,

but will track.)

4 MHz to 40 MHz 8 major dial divisions.

Lock Range Generator will lock to a changing
external signal. without readjusting
tr'e PHASE control. within 10

major dial divisions from 100 Hz
to 4 MHz and within - 1 MHz
from 4 MHz to 40 MHz

PHASE

Phase Adlustment Range :.80 ° from 0.001 Hz to 4 MHz

MAN Manual Trigger.Gate front-panel
pushbutton.

TRIG OUTPUT OVto •2Vfrom5OQ.

HOLD

Drift 100o of p-p output amplitude. hour

Range 0.001 Hz to 400 Hz.

l-A REV NOV 1981
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Table 1-2

ENVIRONMENTAL CHARACTERISTICS

Characteristics Description

Temperature

Operating 00C to -400C (-400C to -50OC: forced air required).

Storage -40o C to -75*C.

Altitude

Operating To 15.000 feet (4,570 meters).

Storage To 50,000 feet (15,250 meters).

Vibration

Operating and non-operating 0.64 mm (0.025") displaceme.-t. 10-50-10 Hz sinewave. 54 minutes.

Shock

Operating and non-operating 50 gs (half sine). 11 ins. 12 shocks.

0Transportation Qualified under National Safe Transit Association Test.
Procedure 1A Category 11.

Table 1-3

PHYSICAL CHARACTERISTICS

Characteristics Description

Finish Anodized aluminum panel and chassis.

*Weight 3.75 pounds (1.7 kg)

Overall Dimensions Width 5.312" (13.49 cm), Length 12.125" (30.8 cm).
Height 5.0" (12.7 cm).


